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PREFACE 


The author experienced several revolutionary changes in communication trans- 
mission systems during his contributions of over thirty years to the industry. 
Initially, the terrestrial microwave FDM/FM (TV/FM) and coaxial cable FDM 
systems were introduced to overcome the fading problems of the H.F. radio 
transmission systems. These new transmission systems helped increase the chan- 
nel capacities of telephone and data channel tremendously. After these systems 
were developed, research for operational applicability was done on milimeter 
transmission systems to obtain more channel capacity. But it was found that this 
system was not suitable because of the insufficient performance of the circular 
wave guides. Then, PCM systems using terrestrial cables and PSK/PCM micro- 
wave terrestrial systems began to be successfully applied in operations around 
1960. Also starting from around 1965, satellite communications systems were 
successfully introduced by INTELSAT, and they became one of the most im- 
portant international communications systems which made the transmission of 
live TV pictures possible for the first time. Finally, optical fibre communication 
systems were introduced in operations around 1975 and are still being developed. 

While there are many books on communication theory applications, the author 
tried to write a book based on his industrial experiences of more than thirty 
years in these areas, which would be of a high theoretical level and very practical 
for the analysis of communication transmission systems. The material in this 
book, mostly computerized and utilized in operational systems, is of a high 
theoretical level, although it cannot be exactly called academic because it comes 
entirely from industrial experiences. The author believes that this book is a very 
useful tool to educate graduate students because it can be immediately applied 
to operational systems and because it improves the knowledge of professional 
engineers in this area. The author also hopes that his book can be used as an 
important reference in the field of transmission analysis. 
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Chapter 1 
INTRODUCTION 


Transmission Analysis in Communication Systems is written for undergraduate 
and graduate students, system engineers, and professionals in communications 
engineering to help them understand and develop the theoretical analysis of 
modulation, demodulation, and transmission systems in depth. This book is also 
intended to be a textbook in undergraduate and graduate schools for a com- 
munications engineering curriculum. Therefore, it is written in a self-contained 
manner so that readers can follow the development of material without referring 
to other references or books. 

However, some elementary knowledge of theories of random processes and 
special functions is required. These topics are usually taught in undergraduate 
or graduate school courses. 

Transmission Analysis in Communication Systems is based on the author’s 
thirty years of experience in communication engineering industries. Most ma- 
terials in this book have been applied and computerized for the analysis and 
design of real communication systems in which the author worked or is now 
working. Those industries include OKI in Japan, Hirst Research Centre of Gen- 
eral Electric Company in England, Bell Northern in Canada, COMSAT Labo- 
ratories, American Satellite, Computer Science, Satellite Business Systems and 
currently INTELSAT in the U.S.A. 

Some analytical techniques (e.g., intermodulation, modulation transfer, and 
transmission optimization techniques based on theories described in this book) 
have been computerized and are still being used throughout the world by IN- 
TELSAT member countries. 

Volume I of Transmission Analysis in Communication Systems 1s a preparation 
for reading the second volume. Thus, Volume I concentrates on providing fun- 
damental information regarding baseband modulation and carrier modulation. In 
addition, the mathematics used in Volumes J and II and power spectrum analysis 
are described. 

In Volume II, single carrier and multi-carrier transmission problems related 
to thermal noise, filtering, nonlinear devices, and interferences are analyzed in 
depth. The analyses in Volume II are advanced and highly theoretical and are 
therefore recommended mainly for graduate students and professional engineers 
in this field. On the other hand, Volume I is recommended for senior under- 
graduate and graduate students who have no extensive knowledge in this area. 
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2 Introduction 


Chapter 2 of Volume I presents the mathematics required to understand the 
analysis of this book. It is recommended that readers pursue this chapter before 
they start the following chapters, or, when they encounter mathematical diffi- 
culties, they should come back to this chapter. The mathematical formulae are 
explained in as physical terms as possible in connection with engineering prob- 
lems. In this chapter, Q-functions, Gaussian functions, error probabilities, Her- 
mite functions, 6 functions and modified 6 functions, Fourier series, power series, 
Fourier transforms, Hankel and Hilbert transforms, autocorrelation functions, 
characteristics functions, theory of nonlinear devices, etc., are described. 

In Chapter 3 of Volume I, most important practical problems in the area of 
baseband modulation and transmission are analyzed. The term ‘‘modulation’’ 
here means that the information to be transmitted is converted to a signal form, 
which is more suitable for transmission through such transmission media as 
microwave, satellites, or cables. In the case of baseband transmission, the high 
frequency carrier (a sine wave) is not used, i.e., the spectrum of this signal is 
centered around a low frequency, which is not suitable for transmission through 
the air but possible through cables. In Chapter 4 of Volume I, cases where the 
carrier is used for this conversion so that the signal may be transmitted through 
the air are analyzed. Analog and digital baseband modulations are analyzed 
separately and timing and framing synchronizations are explained, which are 
required for digital baseband transmission. 

Chapter 4 of Volume I also explains the carrier modulation and demodulation 
of many signals. The carrier here refers to that high frequency sinusoidal wave 
whose amplitude, phase, or frequency is modulated by an information waveform 
to be transmitted or a baseband modulated signal. The latter modulation is 
naturally a double modulation (baseband modulation first and carrier modulation 
second). Thus, there are amplitude, phase and frequency (frequency is the de- 
rivation of phase), and hybrid modulations. 

In amplitude modulation, there are cases with and without residual carrier 
power (after modulation) and cases with and without double sidebands. In fre- 
quency modulation, there are SCPC/FM, FDM/FM, TV/FM (analog modula- 
tions), and FSK (digital modulation). In phase modulation, there are M-ary PSK, 
staggered PSK, and MSK, which are all in the digital modulation category. 
There are analog phase modulation techniques, but they are not described in this 
book, since this type of modulation is not common in practice and it is actually 
a modification of an FM signal (an integral of FM). There are also hybrid 
modulations. Finally, carrier and bit timing recovery is analyzed. The former is 
required in both analog and digital modulations and the latter is required only 
in digital modulation. 

Signals in this chapter are all represented in ideal forms; i.e., there is no 
distortion due to filters or nonlinear devices and no interference is added except 
the thermal noise. Note that some distortions are analyzed in Chapter 3. The 
distortions and interference of modulated carriers are analyzed in Volume II, 
Chapters 2, 3, and 5, respectively. 
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In Chapter 5 of Volume I, the power spectra of modulated carriers are analyzed 
in theoretical detail, i.e., those of FM and PM signals. The power spectra of 
carrier modulated signals are an important tool in deciding the signal transmission 
bandwidth and in the analysis of interference. 

For FM modulations, FDM/FM, SCPC/FM, TV/FM (analog), and FSK (dig- 
ital) and energy dispersal cases are analyzed. In FSK both the phase continuous 
and discontinuous cases are analyzed, which are very different in power spectrum 
distribution. In phase modulations, the M-ary PSK and MSK are analyzed and 
correlated random variable cases are also treated. 

Chapter 2 of Volume II discusses single carrier transmission and Chapter 3 
of Volume II multi-carrier transmission. 

Chapter 2 of Volume II analyzes the effects of filters, thermal noise, and 
nonlinear devices on FM and PSK signals. Linear and nonlinear interactions of 
various signals are analyzed separately in Volume II, in Chapters 3 and 5. 

Chapter 3 in Volume II analyzes the intermodulation products (and related 
problems) and modulation transfer due to AM/AM and AM/PM characteristics 
of nonlinear devices when a plural number of modulated carriers are amplified 
through a common nonlinear device. 

Chapter 4 in Volume II explains the concept of multiple access techniques 
(time division, frequency division, and coded division multiple access) and 
reports on overall transmission optimization under these multiple access trans- 
mission systems. A thorough understanding of this multiple access technique is 
important only for those readers who wish to master the content of this book; it 
is not required for the average reader. A detailed analysis of transmission system 
optimization is not included since this area is not yet fully developed. However, 
an understanding of the other chapters in this book will enable the reader to 
appreciate the detailed mathematical presentations of this chapter. 

In Chapter 5 of Volume II, the interference between various signals such as 
FDM/FM, TV/FM, SCPC/FM, SCPC/PSK, continuous mode PSK, and TDMA/ 
PSK (there are 36 combinations in all) signals is described separately. Interfer- 
ence between a particular set of signals will have special properties. This is the 
reason why each of the 36 combinations is analyzed separately. The analysis of 
this chapter is dependent for the most part on the results of Chapter 5 in Volume 
I, but in some cases time-domain analysis is needed because of filter transients. 
It is the author’s intention to write additional volumes on Transmission Analysis 
in Communication Systems covering new developments in the field. 


Chapter 2 


TRANSMISSION IMPAIRMENTS: 
SINGLE CARRIER TRANSMISSION 
ANALYSIS 


2.0 INTRODUCTION 


Chapter 2 discusses single carrier transmission where no interaction with other 
carriers is assumed except for thermal noise; the distortions of a single modulated 
carrier due to filters and nonlinear devices with thermal noise are analyzed first. 
For FM cases, the filter distortions (and echo distortions), and the nonlinear 
effects are first analyzed. Then, the effects of the thermal noise above, at and 
below threshold are discussed in detail. The effects of pre-emphasis, of the 
mechanism of the threshold extension method, and the FSK signal transmission 
are also explained. For digital phase modulations, the effects of filters (inter- 
symbol interferences), thermal noise, and nonlinear devices are analyzed. The 
signals of these cases are PSK, MSK, DPSK, TDMA/PSK, etc. Finally, Chapter 
2 covers the transmission problems of analog and digital amplitude and phase 
modulation (APM). 

When a single signal is transmitted from a terminal to another terminal through 
a channel, the signal will be distorted by filters and nonlinear devices such as 
TWTA or SSPA, even though no other signal is interfering with it. This is called 
signal distortion in single carrier transmission cases. In this chapter, the signal 
transmission channel is modeled as shown in Figure 2.1. The type of signals 
which can be used at this time and most likely in the future is as follows: 


FM signals (FDM/FM, SCPC/FM) 

PSK signals (continuous PSK signals, TDMA PSK signals) 
SCPC/PSK signals 

TV/FM signals 

SSB signals 

AP analog modulated signals 

AP digital modulated signals. 


In the following Sections, for each signal listed above, the signal distortions 
produced by the channel model shown in Figure 6.1, when there is no interaction 
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6 Transmission Impairments: Single Carrier Transmission Analysis 


with other signals (single carrier transmission), will be analyzed. Accordingly, 
cochannel interferences, adjacent channel interferences, intermodulation prod- 
ucts, modulation transfers which are produced by interactions with other signals, 
are not considered in Chapter 2. These are discussed in Chapters 3 and 5. 


2.1 FM TRANSMISSION 
In general, an FM signal can be represented as 
e,(t) = A cos(Wot + b(t) + 8) (CANIN 


where A, (ft), 8 and w, represent respectively the amplitude, modulating phase, 
phase constant and angular carrier frequency. In FM modulation, (277)~! (0)' 
is the baseband signal. More particularly, this baseband signal consists of the 
frequency division multiplexed (FDM) voice channels described in Section 3.1.4 
of Volume | in the FDM/FM signals case. In the SCPC/FM signals, it represents 
a single voice. In this book, the following complex form will be used for the 
function e,(t) defined in Equation 2.1.1 because of mathematical convenience 


e,(t) = A exp[j@ot + b(t) + 8]. (QF) 
The instantaneous frequency of Equations 2.1.1 and 2.1.2 is given by 
Vota 
tO (F Zles 
fo ee b(t) ( ) 
where 
fy = = (2.1.4) 
7 


For the FDM/FM signals with more than 60 active channels, (t) (or ’(t)) can 
be assumed to be a Gaussian process as explained in Section 3.1.4 of Volume 1. 

In cases where the number of active channels of FDM/FM signal is fewer 
than 60, or in SCPC/FM cases, (t) (or ’(t)) is a complicated non-stationary 
random process. Therefore, these cases are much harder to analyze. 

In this Section, the thermal noise effects on FM signals and the analysis of 
FM distortions due to filters are first shown. The combined effect of this distortion 
with nonlinear devices (HPA and TWTA or SSPA), as shown in Figure 2.1, is 
then analyzed. 


2.1.1 Filter Distortions of FM Signals 


The following approaches to calculate the FM distortions due to filters have been 
commonly used: 


(i) Power series expansion of transfer function of filters. 
(ii) Fourier series expansion of transfer function of filters. 
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(iii) Assuming the distortion is much smaller than the signal, expanding it in 
power series (in time domain) without using any approximation for the filter 
transfer function of the filter. 

(iv) Assuming the modulation index is small, the second order, third order and 
fifth order distortions are only considered (or second and third order only). 


Before describing the details of these applications, a general analysis to obtain 
the FM distortion is given. 

Assume that the FM signal represented by Equation 2.1.2 is passed through 
a bandpass filter whose transfer function is given by 


eC a= Vk it eYea Gt tho), Digi) 


Y..(f—fo) and Y._(f+/fo) represent respectively the positive and negative 
frequency portions of the transfer function. It is assumed here that the bandpass 
filter is narrow enough so that Y.,(f—jo) and Y._ (f+ fo) do not overlap. 

In order for the impulse response of Y.(f) to be a real function, the following 
relation between Y., and Y._ (Volume I, Section 2.8) must be satisfied: 


Vo) = Wass )* (2.1.1.2) 


where * denotes ‘‘complex conjugate of.’’ Then the low-pass analog of the 
bandpass impulse response of Y(f) is given by 


Aa) = | Veni el i. (ales) 
Using h(t), the output of the filter Y.() when the input is e;(t), is given by 


eo(t) = A ef ot ® | ef h(t — x) dx (rete) 





Freq 


fo 


to 
Figure 2.1.1.1 Transfer Function of Bandpass Filter Used for FM Filter Distortion 
Model 
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Figure 2.1.1.2 Low Pass Analog Model for FM Distortions 


where the physical output of the filter, is Re{eo(t)}} (Re{ } represents ‘‘real part 
of’’). Rewrite eg(t) as 


€o(t) = Bil + €(t —fo)} exp[jwo(t — ) + jb —%)+jdt—%t)] (2.1.1.5) 


where € and d are respectively the amplitude and phase distortions. B is the new 
amplitude of the signal modified by the filter and ¢) represents the time delay 
of the signal which takes normally the group delay value of the flat passband 
of the filter. However, to be more precise, f9 should be chosen so that the power 
of d(t) (or €(t) in some cases) may be minimized. This makes the approximation 
of computation easier. In the FDM/FM cases, d(t) contains some pure signal 
components because of a multiplexed channel structure, as explained in another 
Section later. In simple FM signal transmission where no nonlinearity is involved, 
the effect of the hardlimiter in the receiver eliminates the amplitude fluctuation 
due to €() and the phase distortion d(t) can be obtained by 


d(t —ft)) = Im log {eo(0)/e;(t — to) ] (2.1.1.6) 


where Im denotes ‘*Imaginary part of.”’ 
This form can be modified and approximated as follows: 


d(t=t)) = Im on pee “| ~ im = | 
e; ej 


= im{ 2} Cina 
ej 


where it is assumed that 









































AN Te Gal CO Ee 
e; is A j 
2 2 
p{|2=s }ap{|e=2 Q118) 
& é; o A 
is small enough to satisfy this approximation. Note here that |e;| = A because 


of the complex form for e; defined by Equation 2.1.2. In most practical cases, 
the above approximation is valid. Thus, 
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d(t — ty) = Imfe ie | ef?® h(t — x) dx}. (Qn leteo) 


In general, it is not easy to find fg minimizing d(f) but fp can be good enough 
to be chosen as the group delay of the flat passband (usually the group delay 
value of f = f,) so that the approximation of Equation 2.1.1.7 may be valid. 
Therefore, in the following, it is assumed that the value of the group delay of 
Y.1(f—fp) in the passband (specifically that of f=f>) is used for tg. Another 
requirement to make |e, — e;/e9| small enough so that the approximation of 
Equation 2.1.1.7 may be satisfied is that the gain of Y.,(f) (or Y.(f)) must 
be unity (O dB) in the flat passband area where the main signal spectrum passes 
through. Therefore, it is also assumed in the following that the gain (or loss) of 
the filter at the flat passband (more specifically f= fo) is unity (0 dB). 

As shown later, the distortion d(t) contains components which are the pure 
signals for the individual channels of FDM/FM signal, although these must be 
considered as distortions for SCPC/FM and TV/FM signals. 


2.1.1.1 Power Series Expansion of Filter Transfer Function 


This approach has been used for many practical cases. However, it is only valid 
when the frequency deviation is small compared with the filter bandwidth (i.e., 
when there is no overdeviated case). Assume that Y.,(f) 1s expanded by a 
power series of frequency f as 


fo of 


Y= > ay" (QP 11) 


k=0 


where a, is acomplex number. Then, h(t) defined by Equation 2.8.40 of Volume 
I (or 2.1.1.3 of Volume II) becomes 


= | 
h = : 
0 > ns (27 )* 





8 (t) Calle) 


where 5“(f) is the k-th derivation of 5-function. 
Note here that, for a general function g(t) whose k-th derivative exists, 


ie g(t) 8©(ndt = (-1)* g® (0) (Oeil 183) 


where g(t) is the k-th derivative of g(r). Substituting A(¢) of Equation 2.1.1.1.2 
into Equation 2.1.1.6, e9(t) becomes 


fs ee 
eo) = pane ar > (3) a, | EXOD IG SMO ee hoon Oo eel Veal ee) 


k=0 \J27 


where applying Equation 2.1.1.1.3 into this result 
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20 k 
| eF—» §®(x) dx = i. {eJPO} , (OB ETA Be) 
Thus, we have 
a k 
' 1 
Ly este seis jo) 24) DARE 
eo(t) = Ae os (+) a4 ‘ak me ie ( ) 


For example, 


< eit ax jo(t)’ ef?®, 


2 
a el = {— [h(9'? + jO"}e!*, 
a . 
Fr = {j[-(6’)? + 6”] — 36'o"}e/®. — (2.1.1.1.7) 


In a case where the frequency deviation is not small compared with the filter 
bandwidth, many terms are required so as to obtain an accurate result, which is 
impractical. Assuming the normalizations on filter gain and group delay in 
passband are done, the distortion d(t) is given by 


Say Thar a 
d(t) =I JOO) —— fej@] |b. 2 alslols 
(t) = Im > Gat an le | ( 8) 





If we use up to four terms (k=0, 1, 2, 3) then, 


= qQ Ide ae ” am" 
d(t) = Ima toe ae b Roe. o 


a2 1\2 Zia " : 
+ Im es (') ee + [o'? -736'6" 1 (2.1.1.1.9) 











Since d(t) is the phase distortion, the demodulated distortion of the FM signal 
is given by 














a ‘= GH Gf hn. ” a3 my 
(27) * d(t) Im] is b ae b ~ Om ob | 
" 0 2 
+ In| 2b" + OG ae © [36"(’) 
as il 3(")? az 30'6")| 
neg loud 
mere hrm ge oe 1) (Omer 
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In TV/FM and SCPC/FM, the first term of Equation 2.1.1.1.10, 1/2a d; 
(linear components of &“) and second term 1/27 d,(t)' are considered to be 
the distortion, since the whole ¢(7) itself is required to give an information (i.e., 
a picture or a voice), which is undesirable. 

However, in a FDM/FM signal case, the 1/27 d,; component in 1/27 d(t)' 
should not be considered as a distortion component, since $"(1), o’”(t) and 
6" (t) are not distortions in this case. The proof of this fact is given as follows. 

Represent the spectrum of 1/j27 ’ as Y,-(f) (for a certain finite time period). 
Then the spectra of "/(j27)?, 6'”/(j27)?, and 6" /(j27)* are respectively 
given by fY¥y(f), f7Ya(f), FY a (f)- 

The change of these spectra in one channel is very small. (Y4/(f) of the FDM 
signal is limited between approximately 12 KHz and 4 MHz in satellite com- 
munications). Note here that the bandwidth of one channel is about 3.1 KHz. 
Thus, the level of each channel is slightly changed by the effect of 1/27 d,(0)’, 
since 1/27 d,(t)’ is usually small compared with the signal (each channel itself 
receives almost no distortion by 1/27 d,(t)'), while 1/27 d,(t)’ consists of the 
cross terms between channels in the FDM/FM baseband signal. For example, 
"(')? consists of a mixture of all the channels. Thus, we can say here for the 
evaluation of the FM distortions due to filters that: 


(a) The averge power of 1/27 d/dt (d, + db») during a certain period of time 
should be evaluated for SCPC/FM and TV/FM cases, where ¢’(t) is a video 
signal for TV/FM and a voice signal SCPC/FM. 

(b) For the FDM/FM signal, the power spectrum of 1/27 d/dt d,(t) must be 
evaluated, since each individual channel must be evaluated for the distortion, 








where 
Ae rae x, ay raw a3 ” 1\2 
GZ 20 Im] os 26'o" + 5; BO"(o’) 
Sy (ba); - p0'o"| Q.Dly ial) 


Since 1/27 ¢’ can be assumed as a Gaussian process (if there are more than 60 
channels) by the Holbrook and Dixon’s investigation (see Section 3.1.4 of Vol- 
ume I.), it is possible to evaluate the power spectrum of Equation 2.1.1.1.11. 
However, this form makes the analysis complicated. Therefore, a different ap- 
proach will be shown later. 


2.1.1.2 Fourier Series Expansion of Filter Transfer Functions 


This approach is useful for cases where the filter transfer function can be well 
approximated by a Fourier series or where the Fourier series expansion of the 
filter transfer function is analytically known, as in an ideal cut-off filter case. 
Expand the low pass analog of the bandpass filter Y., (f) by 
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= Teh 
VG 2 ape a (Cea eee ae) 


In this case, the impulse response of the low pass analog is given by 


ee oy ade fl E yay 


k=-= Fo 


> a. (1 — x) CHAD 


In order for this approach to work, Y,..,(f) must be well approximated by a 
Fourier series in the frequency band beyond which the spectrum of the FM signal 
e,(t) seldom goes. This is an important point of this approximation. Thus, the 
phase distortion of the FM signal d(t) is given by 


a Tel mie 
d(t) = in| Ss, il F) aie (2:11.23) 


Similarly, as mentioned in the power series expansion case, the average power 
(or magnitude) of d(t) should be evaluated for the SCPC/FM and TV/FM cases. 
For the FDM/FM case, the form of Equation 2.1.1.2.3 is not a convenient one 
and therefore in the following, the power spectrum of the crosstalk (i.e., d>(t) 
in the previous Section) will be analyzed for this case. 

The approach by Fourier series described here is very convenient when the 
a,’s are analytically known, as in the ideal cut-off filter case, which will be 
explained later. An important point here is that the value of Fy) must be large 
enough so that the spectrum of the FM signal is within the value of fp + Fo/2. 
Usually, the larger the value of Fo, the more terms in Equation 2.1.1.2.3 must 
be added to obtain an accurate result. 

In order to separate the signal components and crosstalks and to evaluate the 
power spectrum of the crosstalk component in the FDM/FM case, (which is 
required for the noise power evaluation due to filter distortion of the FDM/FM 
signal), the autocorrelation function of d(t) given by Equation 2.1.1.2.3 will be 
shown here. The autocorrelation function of d(t) is 


: olen kee 
E {d() de +)} = E in| Se Jl a ee 
k=-x 


xe ; k 
jo(r+2-4 — jo(t+7) 
“inf Dwiane F \]. @ilehs2,4) 


Using a simple formula, 
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Im(a) Im(B) = = Re{ap* — af} (Caen) 


for any complex number a and B. The autocorrelation function of Equation 
2.1.1.2.4 is given by 


Rae) = tRef SD aya f 


i6(i = “1 —j(t) : og = 2) + jo(t+7) 
° e Fo Fo 


F >) >» ax, ee 


kj=-& k= -& 


k k 
val: - “| -jd() iol +7 - 2) ~jd(t+7) 
: |. Fo - Fo 5 BXOUD 126) 


Since (ft) can be assumed as a Gaussian process in FDM signal cases (when 
there are more than 60 channels), the averages in Equation 2.1.1.2.6 can be 
obtained as follows: 


— 


RON Sos OM AD) 
nN 
where 
E{v} = 0 
r 
E {7} = o? (2 11S 22s) 


where \ is a zero mean Gaussian process. Then, 


k 
g {exe i0(: — 2) = OND) 28 a(: +7 - 2) + 
ib(t+7)¢ = OR Ole R (#) + (2) 
JO(t T) Sx exp b b Fo o 19 
a a (eon En 
este o(s * Fy . = Re( i | 


-o(--8)] 
oak Fo (ete t-2.9) 


Using this result in Equation 2.1.1.2.6, 
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k k 
R,(t) = Rel > a y exp] -2R +R, (2) + Ry (2) 


a Cp aa inn} QA1-2-10) 


where R(t) is the autocorrelation function of (f) and 


ki k 


k, | ky 
z r(x a5 r a r(x = 2) Sh (ORV By 


As mentioned before, R,(t) contains the direct current component and signal 
component for the FDM signal. 

The direct current component, as is well known, is given by 
Lim R(t) = RS? 


™m <x 


Re Ss Sy exp —2R,(0) Re (2) 
Fo 


=-—-x b= 


k 
+ Ry (2) [ay ax - 04) . (231.1212) 


This is equal to 


= . k k 
Or ay exp] 28400 +R, (2) + Ry (2) Im(a;,) Im(a,,) 


= Pe Im (a,) exp] Rl + ne(A)}] a eealie|s)) 
Se 0 


The signal component in Equation 2.1.1.2.10 is given by expanding e~*” by 
a power series of R,, and taking only the linear terms of R,, i.e., 


RY(a) = > oe Re(ay,) 


1=-2= k,= 


k, 
- Re(a,,) ex - 2R,4(0) + Ry (i +R, (2 )] RiGee) 2 2 Paid) 
0 


where the formula 


1 
Re(a) Re(B) = 5 Re{aB* + af} Qns2Ns) 
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is used above. The power spectrum of the signal component of Equation 2.1.1.2.14 
is given by Fourier-transforming Equation 2.1.1.2.14 with respect to 7. 

Before the final result is shown, represent the power spectrum of (1) by 
W,(f), then 


Wa(fye? = | ; Raia + ae, 7)" dz. Oreo? 16) 


Using this result, the power spectrum corresponding to Equation 2.1.1.2.14 is 
given by 


Coe Dae X  Re(a,,) Re(a,) 


k, ky 
-exp| =2R,0) + Ks Fy URS F, 


. [Wain + W,(f)e Fo 


j= 


20 Mins 
Psy j of 
Sapte — wyine 


2 





k k 
es —RyO) + ra(4) (2a 
= win | > Re(a,)e I (=e n) 
k=-=x 


Ee —R,(0) + Ry{ — 
=4W,(f)| > Relaye (7) 
k=-x 


k 
Se ianis ju Ft 
sin ( 5) e 


0 


2 





= G(f) W(S) (21. e217) 


where 


sii —R,(0) + r(4) 
G(f) =4]| > Re@e 0 
k= -x 


k ; ke 2 
F 7 IO 

° ——— e 0 
sin( #)) 


Although G(f) is a function of f, the change of G(f) within a channel whose 
bandwidth is only 3.1 KHz, is very small and therefore, the effect of G(f) on 
each individual channel can be ignored, and the component whose power spec- 
trum is G(f) W,(f) can be considered as a signal (and not as a distortion). In 


OMe so) 
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order to obtain the power spectrum of the distortion (crosstalk) component which 
is required to obtain the S/D ratio of each channel, the direct current component 
and the signal component must be subtracted and the Fourier transformation 
must be applied to it. Represent the power spectrum of this component by 
W(f), then 


Wf) = | RY) (t) e/2*F* dt (2.1 1.2.19) 


where 


Mes 


Il 


Ss) exp —2R4(0) 


—c k=—c 


| 
ON = Re 


ky 


nls) = 


*& pRv(t. kt ko) 
2 


: —R,(7,ky, ko) 
[ay Ax ; 


pm AK, A, e 
> (4x, A, ” AK, A,) 


— (ay, a* + ay, ay) R(o)]. 1952.20) 


This result is very useful to calculate the power spectrum of the distortion 
especially when the Fourier coefficients a, are analytically known as in the ideal 
cut-off filter cases. For the ideal cut-off filter, 


5 OA 


| buses feng = 
a, = 2 | Veg Cre Fo 
0 —cxs 


B 
sin(w 2 &) . 
(=| = = (2) (2.1.1.2.21) 
eal 
(i) 
where 
B 
Y.4(f) = 1 Wales 5 
7) |f >S Qi1:1.2,22) 


The result of Equation 2.1.1.2.19 is only analytically available at this time 
to calculate the filter distortion of the FDM/FM signal when the frequency 
deviation is large compared with the filter bandwidth (overdeviated case). 
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If there is no pre-emphasis applied to the FDM baseband signal, the function 
R4(t) of Equation 2.1.1.2.20 is oe given by (for the noise loading case) 


Sh a ae 
R(t) = eaors GF —-f p LW cosOn (aah 
-  - sel AUNT, mai 

Un i A 

TRG a 2 T, [Si tify. t) = Sie mi7)] CAL 2.23) 
where 
eu 

Wo (Pf) teh s os fafa, 

= 0, Elsewhere (0 = f< &). (2.1.1.2.24) 


tn, f; and o are respectively the highest channel frequency, the lowest channel 
frequency and the r.m.s. frequency deviation. 

In case there is a pre-emphasis application, R(t) must be obtained numerically 
by computer Fourier transform subroutine or by an approximation, i.e. 


fg? 

Ry(t) = | Se G,(f)cos(27f7)d (20 at 225) 
= Gop Po ge 

where G,(f) is the pre-emphasis function. When the transfer function of the 

filter h(t) is analytically known, the coefficients a, can be well approximated 

for Fy whose value must be chosen large enough, i.e., 


Fo 
ee k 
2 pee 
a Ni en 
Folk mee 
By 
oky pee be 2.1.1.2.26 
aes be df = — hy (Ne 1. 
Fo Cat Fo Fo ( ) 


For example, in a single time filter case, 


exp _ 
Se 


URS aaa (DAg-2-07) 


+7) 
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where f, is the 3 dB half bandwidth and the factor e// is attached to give the 
group delay at the center a frequency (f = 0) zero, as mentioned before. In 


this case, 
fe 2a fk 
Ce le exp | =e 
Fo Fo 


F 
0) 
a7 


é 





Oh 


F 
koe O70). (Omit) 28) 


e 


Some calculated results for these cases are shown in Figure 2.1.1.2.2. For a 
more detailed discussion of these applications, see Reference [28]. 


2.1.1.3 General Approach Without Approximation of h(t) 


This approach still uses the first order approximation and Equation 2.1.1.7, i.e., 


do = ime | er-onyar} ; 
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Figure 2.1.1.2.2(a) S/D Ratio of Single Pole Filter at Top Channel Frequency versus 
Modulation Index A 
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Normalized Frequency, F =f/fp 
Figure 2.1.1.2.2(b) Distortion Due to Ideal Filter 


Following a similar approach used in Section 2.1.1.2, 


Ril) = #Re{ [neon 


E [exp{jb(t—x) —jb() + jo(t+ 7 —y) — jb(t + 7)}] dx dy 
= \2 i‘ ROMO ETEXDIOE— x) — JOO) 


JOC ay) eo Cae), Lax is}. (2a 10381) 


After taking the average on ¢ in a way similar to Section 2.1.1.2, 


Ra(t) = sRe| [ [- [h(x)h(y)* eRvxy) 


= h@ by) er) jue ROO Re ake) is} (24.1.3.2) 


where (t) is assumed to be a Gaussian process for the FMD/FM case in the 
calculation of the above average. 


Ry(t,%sy) = Re (t) — Rae) 
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R(T =V) healt ra = y): (DAG he S3) 


In a way similar to Section 2.1.1.2, the direct current component in Equation 
2 AA. 32218 given. by 


2 


Re = He 2 Ral) + Ro inte Ca lonoe 4) 


The unsymmetric part of the filter only contributes to this component, i.e., 


eG 9) = Vie Cay) ; 


Celeb: 
5 (2elg1e3:-5) 


The power spectrum of the signal component in Equation 2.1.1.3.2 is given, in 
a way similar to Section 2.1.1.2, by: 


R(7) 


II 


to2 
| e Ro) + Ro) 


—x 





4W(f) 


2 


* Re{h(x)} e/™* sin(afx) dx 
= G(f)We(f) C1136) 





where 
2 


Ga 4 / e RRO Refh(x)}e/™™ sin(afx) dx Quistsa 





The physical meaning of G(f) is the same as that of Equation 2.1.1.2.18 (for 
FDM/PM cases). Then, the power spectrum of the (channel) cross component, 
which results from subtracting the D.C. component and signal component from 
Equation 2.1.1.3.2, and from Fourier transforming it, is given by 


WYP(f) = |e R(t) cos(2aft) dt 


; re Tf, trooncaye tee 


= 1 — R,G,x%,y)} — AG)ACY) fe 


— 2Ro(0) +Ro(x) +Ro(y) 


at Gas R,(a,x,y)}] e 


- cos(2mft)dt dx is} : CRI TBsS) 


If the filter is symmetric around the FM carrier frequency, then A(x) becomes 
a real function and then W‘(f) can be represented by 
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WC i: [| awry 


RT ey) Lp RVG) 2R,(7,x,y)] 
oe cos(2mft)dx dy dt. (2.1.1.3.9) 


The signal-to-noise-channel ratio at channel frequency f is 


fPWo(f) 
~ PWG) 
Wy 

= eee (2.1.1.3.10) 

PF )G AP) 
where the power spectrum of the baseband signal (i.e., P.S. of 1/27 o'(d)) is 
f?W,4(f) and the power spectrum of the crosstalk is fP*WP (f) G,(f) represents 
the pre-emphasis effect. In the noise loading test case, the N.P.R. value is given 
by 


NPR: 


o?2 


MAf 
~ FG, AWS XG) 


where W,(f) is given by Equation 2.1.1.2.24 and Af = 4 kHz (without any 
pre-emphasis). 

In a case where the frequency deviation is small enough compared with the 
filter bandwidth, it is usually sufficient to calculate the second and third order 
distortion only, and the higher order distortions can be ignored. If we expand 
e ®™~Y) by a power series of R,(7,x,y) as 





NCPR: (Qo Selh) 





k 
OS eS ey) [R, (a) ]¥, Celta) 
k=0 k! 
the k-th order distortion is the term due to [Rv]*. 

While, in order to include the higher order distortions, the approach of Equation 
2.1.1.3.12 is very complicated and the triple integral of Equation 2.1.1.3.8 must 
be evaluated, this approach can give us a good physical insight while still of an 
analyzable complexity. Thus, the second order distortion is given by 


ioe 


1 co oc oC 
wey =2]- ff tmtacor imtacyn 
é [R(t x y)]? e 2RoO)+Ro@) + Ro) 


- cos(27ft)dt dx dy. el sl3el3) 


When Y.,(f) is approximated by a power series of f, then substituting h(t) 
of Equation 2.1.1.1.2 into Equation 2.1.1.3.13, WPA) is given by 
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* cos(271 ft) dt lai 3.14) 
and Wip(f) is given by 
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WE(f) = 


a 


eronrtnc} | _) cos(2aft) dr. (QeGie8 15) 
y=0 
Using the relations 


RGkTYV(O) = 0 and 


ic RG (a) 2 dr = (—j2af) We(/f), (Que sei) 


the above second and third order distortions can be evaluated. The author stops 
here expecting the readers to do them themselves. For the detailed results which 
are directly usable for practical cases, see Reference [28]. If the Fourier series 
expansion is applied for Y.,(f) as in Equation 2.1.1.2.1, substituting h(t) of 
Equation 2.1.1.2.2 for Equation 2.1.1.3.8 and completing the integrals with 
respect to x and y, Equation 2.1.1.3.8 becomes the same as Equation 2.1.1.2.20. 


2.1.1.4 Approach Considering Higher Order Terms of Equation 2.1.1.7 


The three approaches described above use the first term of the following ex- 
pansion only (Equation 2.1.1.7) 


2 7 _4)k=1 : 
He in| > a (2 oe 7 Cai eaa 


If we use more terms in the approximation of d(t), more accurate results can be 
obtained. For example, the sum is done up to k = 2. 
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2 
se pO ee Lo\F. Ff 6 
ay in(®) 2 im| (2) ; (2) 
1 2 
ss >1m( 2) zs s1m4 (£ (2.1.1.4.2) 
e; y e; 


€o/e; = | ef? JOO h(t — x) dx (2. 43) 


2 o 2 
(2) Ss | | eJP(x) +7O(y) — 27D dy dy. (2.16144) 


We can develop a similar but more complicated result using the approaches 
shown in the previous sections. 


2.1.2 Echo Distortions 


Section 2.1.2 analyses the distortions of a carrier modulated signal produced 
when it goes through two or more transmission paths and when all these signals 
are superposed at the receiver. A typical example of this case is a microwave 
terrestrial FM signal which has two passes in the propagation as shown in Figure 


a a asp 


Suppose that e; is a carrier modulated signal (e.g., a FDM/FM signal). Then, 
€oy, (1 = k =n) is given by 


Path 4. 
Delay Time Ty 


Path 2. 


Delay Time T» 











Path n. 
Delay Time 7, 


Figure 2.1.2.1 Diagram of General Echo Distortion 
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Figure 2.1.2.2 Echo Distortions Due to Two Paths 


Coie) oa oe; (ananatE) (Qaie2s 1h) 


This is equivalent to the extent that the signal e; went through the following 
linear circuit whose impulse response is 


Therefore, the transfer function is 
Y,(f) = I CoG — Ter dive, e 2 (2123) 


Thus, the equivalent transfer function of the linear circuit for Figure 2.1.2.1 
is given by 


VGp= renee (124) 
k=l 


As seen from this result, the amplitude and phase (or group delay) characteristics 
of this linear circuit is a sum of sinusoidal functions whose periods are (t,)~! 


(Kal sy tt), 
To see the physical insight, take the case of n = 2, i.e., 


Vi) = suet an hak Boe tt (221,2;5) 
Then, the amplitude characteristic of this circuit is given by 


IVCf)l2 = 19112 + lel? + 2Refgrgse 77 "?}.. (2.1.2.6) 
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The phase characteristic is 





One can see from this result that both characteristics are periodic functions of 
(t; — 7T) !. Note here that the term 2g, — j27 1,f only gives the phase 
change and signal time delay of 7, which is unimportant from the distortion point 
of view. 

Thus, the analytical approaches shown in Section 2.1.1 are applicable to the 
PM signal distortions produced by this circuit. Note here that the transfer function 
of Equation 2.1.2.4 (or Equation 2.1.2.5) must be approximated only in the 
frequency range where the FM signal power spectrum cannot be ignored (i.e., 
the approximation for the frequency range where the FM power spectrum is very 
small can be arbitrary, since it does not effect the analytical result). 


2.1.3, Combined Effects of Filters and Nonlinear Devices 


As shown in Figure 2.1, the real signal transmission system consists of filters 
and nonlinear devices. 

The analysis of the FM filter distortion shown in Section 2.1.1 must be 
modified because of the existence of nonlinear devices in the transmission chain. 
In the following, the nonlinear devices are assumed to be memoriless. 

Assume that the input signal to a nonlinear device (no other signal co-exists 
with this signal through the nonlinear device) is represented by 


e,(f) = Aes (Qala) 


1.€., é; is an unmodulated single tone (C.W.). Then, the output signal can be 
represented by 


€o(t) = g(A) el Pottj8 + iftA) 


SS we etfA) @ (t) (213.2) 


where g(A) and f(A) are respectively the amplitude (AM/AM) and phase (AM/ 
PM) characteristics measured by a single tone as defined by Equation 2.1.3.1. 
If the nonlinear device is memoriless, g(A) and f(A) do not change with oo. 
More precisely, even if A and @ are functions of f, the output can still be 
represented by Equation 2.1.3.2 under the memoriless condition. This approx- 
imation is valid for the present FM signal bandwidth and nonlinear devices 
(traveling wave tubes and solid state power amplifiers, etc.). 
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The AM/AM and AM/PM characteristics g(A) and f(A) for a single tone test 
are only available from laboratory measurements. Therefore, the characteristics 
of multi-carriers with modulations must be derived from the single carrier g(A) 
and f(A). Normally, in laboratories, instead of g(A) and f(A), dB/dB and degree/ 
dB are respectively measured. A typical measure data is shown in Figure 2.1.3.1 

The input and output powers are usually normalized by the power saturating 
points, in which case 0 dB, in the input power means that the output power 
saturates at this input power, and 0 dB output power means the saturated output 
power. The relationship betwen g(A), f(A) and their dB corresponding value is 


given as follows: 
A2 
x4 = 10 logio (4) 








vie C on ee (ii.333) 
A= V2 1920 
(A) = 2 102 (2.1.3.4) 
G(x,)' (dB/dB) = A = 
F(x,)' (degree/dB) = (ae) (#22) anay (0.1355) 


where G(X,) represents the output power versus input power (dB/dB) and F(X,) 
represents the outphase change versus input power (degree/dB). As shown later, 
most of the analytical results can be nicely represented by G(X,)’ and F(X,)’. 
Returning to our problem, the output signal of the pre-HPA filter F, in Figure 
2.1 (when the input signal is an ideal FM signal as in Equation 2.1.1) can be 
represented by 


- (1) é . 5 
A. + €O(f)] el4 (t) el®ot tjOO+j8 


ef (2) 


A a) 
(4) (1 +e) 2/4 e(f) (2.1.3.6) 


where the amplitude and group delay of the filter F, are normalized so that the 
amplitude distortion €“(t) and phase distortion d“(t) may be small and there- 
fore, the first order approximation, as in Equation 2.1.1.7, can be applied (see 
Section 2.1.1). Thus, under the condition of the first order approximation, 
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ef) Ref ens | ef?) ibaa) ON | 


“OO = Ime eo) ina} Ose e7) 


where h(t) is the low pass analog impulse response of the filter F,, A,/A is the 
gain or loss of F, and the signal path. Now, the output of HPA becomes 


. (1) 
e)(t) = (Al = €))) elmAilte )) 
+ eiOott jot jot jan (2103.8) 
Since €“) and d™ are small (Taylor series expansion), 


gy(A(1+€)) = gy(Ay) + gy(A))' Ape 


2 gulA) wy) 
81(A;) h +oAy or € 


ee Cate Geran € | 
= A,[1 35 e%], 


f(A +€™)) = fuxl(Ay) + f(A)’ Are™ 





a ee ( “ Fy(x,,)' € 


In(10) \180 
= fx(Ai) + BGs) €” 
= f,(A,) + d® (2.1.3.9) 


where G,(X,)' is defined by Equation 2.1.3.5 and by the slope dB/dB at the 
X, dB input backoff. F(X,) 1s also defined by Equation 2.1.3.5 and by the slope 
of the nonlinear phase characteristic degree/dB. 7/180 in Equation 2.1.3.9 is 
the conversion factor from degree to radian. 


Ap = gy(Ai), «2% = Grae) eee 


20 7 


SREY CUMR oe ee me ee 





Now, the input to the satellite input filter F, is given by 
eP(t) = Ag(L +e ®) eid Hid giver tiP4i0+ifvA) (2.1 3,10) 


Then, the output of F, can be represented by 


(1) 4 (2) 4s (3 j j j0+ jf; 
eOGa=ta lee ee ie te re FIELD) (9:13:11) 
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where e“ and d®) are respectively the amplitude and phase distortions due to 
F when the input signal is the ideal FM signal of Equation 2.1.1. The reason 
why the approximation of Equation 2.1.3.11 is possible is that the cross terms 
can be ignored because the distortions due to F; and F, are small and therefore 
the superposition theory can be applied, i.e., 


EP) = Refer [. ef? h(t — x) dx— 7 


Oo ie= Impe eJ°® h(t — x) ax} Ons 12) 


where h(t) is the low pass analog impulse response of F. Now, the output of 
the TWTA can be given by 


5 (2) (3) 
e (0) =e (As + ¢2 4 €3))) CT AG IT ex SeXy) 
K gid ja +d el@ot tse + j9+j f(A) 
=" org) [1 a Gr(%q,)’ (e ae) 
» elfr(Aa) + jBFrixa,) CP +e) 9 jd +jdP+ jg 


plot ib+j0+ jfy(Ay) 24313) 


where G7(X,,)' is the slope dB/dB of the TWTA at the input backoff X4, and 
F 7(X,,)’ is the phase slope of the TWTA at the same backoff (degree/dB). 


Define the new notations as 
Ag = @r(A2), €% = GO ere), 
d® = BF7(X,,)' (€% + €®), (223714) 
Then, e{" (2) can be rewritten 
eg = Ay(1 + eM) eft tid +ja + ja® 
, elt TID +79 + ifa(Ay) + ifr(Aa) QU ari) 
Finally, the output of the filters F 3 and F, (in Figure 2.1) 
et) = Ag(1 te 4 €O) eid? 3d + ja + ja + ja 


» plot tio + ifalAy) + ifrA) C20193.16) 
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where €°) and d©) are the amplitude and phase distortions due to the filters F; 
and F', respectively, when the input is the ideal FM signal of Equation 2.1.1. 


EO) = Ref i e/? OAs (t — x)dx — 7 


d® 


II 


imjen0 | ends] (2eieaata 
where 


d‘) = Phase distortion due to F; when the input is the ideal FM signal of 
Equation 2.1.1. 

d® = BF,(X,,)' €. Where €) = Amplitude distortion due to F, when the 
input is the ideal FM signal. F,(X. A,) = Slope of the phase characteristic 
of HPA at the operating input backoff (X,,). B is given by Equation 
Dal; 310% 

d“® = Phase distortion due to F, when the input is the ideal FM signal. 

d® = BF;(X,,)'(e® + €), 


where 


aC her GnGa/ al 


e® = Amplitude distortion due to F, when the input is the ideal FM. 
F7(X4,)' is the phase slope of the TWTA at the operating backoff (X A,) 
(degree/dB). Gy(X,4,)' is the gain slope of the HPA at the operating 
backoff (X4,) (dB/dB). 


d® = Phase distortion due to F; + F, when the input is the ideal FM signal. 


Thus, the total distortion is given by 
b= der Brine” 7d” 


+ BFLGLE® + BFle® + d® 


[d) + B(Fy + FrGye™] 
+ [d® + BFrE®] + d®, (2:1-3.18) 


The physical meaning of each component of Equation 2.1.3.18 is as follows. 
d™, d®, and d® are the phase distortion due respectively to filters F,, F and 
F, + F,. If there is no nonlinear device, only the sum of these phase distortions 


th;(t) is the low pass analog impulse response of the filters F; and F4. 
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Figure 2.1.3.2 Equivalent Linear Filters for Satellite Nonlinear Channel of Figure 2.1 
for FM Signals 
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should be taken into consideration after the chain of the filters. BF je“ is the 
component produced by the amplitude fluctuation (distortion) of e;(¢) after F, 
which is transferred into the phase of the signal after HPA, due to the AM/PM 
nonlinearities of HPA. BF ;G;,€"” is the component produced by the amplitude 
fluctuation due to F, which is modified by AM/AM of HPA by the factor Gj, 
and transferred into the phase of the signal by AM/PM of TWTA (by the factor 
BF7). 

In a linear system with no nonlinear devices (HPA and TWTA), the combined 
transfer function of F,; + F, + F3 + F4 can be equalized to reduce the filter 
distortion. However, in our present case, the effects due to terms e“!) and €®) 
must be considered in the equalization. 

As can be easily proved, the result of Equation 2.1.3.18 is the same as the 
phase distortion produced by the following single filter. 


Vj eee yey a) Yee) 
+ (1 +jBF,) YS (fy er!) yt YO Cal.3i09) 


where Y(2 (f), YPX(f), YS) and Y“)(f) are respectively the transfer func- 
tions of F,, Fy, F; and F;. Note here that, since Y(f) is not normalized in the 
passband of the signal spectrum, in order to make the approximation of Equation 


2.1.1.7 possible, Equation 2.1.1.7 must be modified as follows. Represent Y(0) 
as 


Y(O) = 4 + jB(Fj,+F;Gj,4+ F+) (20163220) 
assuming Yt!) , Y'?) YS) and ¥Y“ are normalized as 
YN (ON ey C4 (hay eC) aero te (ys 


Cy MOVE, 
(22321) 


di) = hh = 
ey (0) 
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oe 0 £0 ; : 
Im] =e 7 = im 2} (21322) 


In order to equalize the transmission chain in Figure 2.1 for the filter distor- 
tions, Y{'}(f) and/or Y‘)(f) must be adjusted so that the group delay and 
amplitude characteristics of Y(f) may be as flat as possible in the signal passband, 
since the other two filters are in satellite and are not adjustable. 








2.1.4 Effects of Pre-Emphasis 


As explained in Sections 4.1 of Volume I, 2.1.1, and 2.1.5 of Volume 2, the 
demodulated FM signal disturbances are the derivatives of the phase disturbances 
(produced by filter distortions or thermal noise) in time domain. This means that 
the power spectrum of a demodulated FM disturbance is that of the phase dis- 
turbance multiplied by (2mf)*. Since the power spectrum of the phase demo- 
dulated disturbance is very roughly similar to that of the r.f. noise spectrum (in 
thermal noise cases) or that of the baseband signal (in FM distortions), the power 
spectrum of the FM demodulated disturbances has a triangular shape (i.e., pro- 
portional to (27f)”). Thus, the higher frequency components of the baseband 
signal receive more disturbances than those of the lower frequency components. 

The transmission qualitites of the baseband signals are determined by the worst 
frequency components of the disturbances and, therefore, this triangle disturbance 
power spectrum is not convenient from the transmission point of view. An idea 
for improving on this problem is to emphasize the higher frequency components 
of the baseband signal at the transmitter side and de-emphasize the higher fre- 
quency components in the same amount at the receiving side, so that the received 
signal does not receive any distortions because of the pre-emphasis circuit. 

If the demodulated disturbances are independent from the baseband signal 
(approximately in FM signal cases), the pre-emphasis gain at each frequency 
component fis given by the frequency characteristics of the pre-emphasis circuit. 
The signal-to-noise ratio at each frequency in this case is 


C1) Gael) 
G(PVGpe(f) Gf) 


where G,(f), Gpre(f) and Gp(f) are respectively the signal power spectrum, 
pre-emphasis gain and disturbance power spectrum. In a case where the dis- 
turbances are dependent on the baseband signal, the formula of Equation 2.1.4.1 
is unusable. However, there are some good pre-emphasis gains in such cases, 
although the analysis is more complicated (e.g., the FM distribution due to 
filters). 





SINC y= OF MEAP) 





‘In this analysis, it is assumed that the linear superposition of the distortions 1s approximately 
valid, since the distortions are all small and the cross terms are even smaller. 
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Based on analyses and experiments, for the FDM-FM signal transmission, the 
gain difference of the pre-emphasis between the highest and lowest frequency 
channels is normally 8 dB. Figure 2.1.4.1 shows the characteristics of the pre- 
emphasis gain v.s. channel frequency recommended by CCIR for a FDM/FM 
signal. Similarly, Figure 2.1.4.2 shows the pre-emphasis characteristic of com- 
panded SCPC/FM. For TV/FM cases, the characteristics of the pre-emphasis 
gains are shown in Figure 2.1.4.3. 

As seen from these curves, the higher frequency area characteristics are pro- 
portional to f*, but the characteristics are flattened in the lower frequency areas 
considering other types of noises (other than those produced by transmission 
channel, e.g., equipment noise) which are most likely to come up in a flat power 
spectrum. 


2.1.5 Effects of Thermal Noise on FM Signals 
Let us represent an FM signal with thermal noise as 
eee i a NG)e 3 (eles ct) 
where (271)! b(t)’ is the baseband signal and, 
Ni) = NN.) + JNO (2.15.2) 


where N.. and N, are respectively the inphase and quadrature components of the 
narrow r.f. thermal noise as explained in Section 2.1 of Volume 1. Let us rewrite 
Equation 2.1.5.1 as 


OP Ghd ae (2.1.5.3) 


where B(f) is a positive real function and 0(f) is the phase change due to the 
thermal noise, 1.e., 


Ine@ = In BO: + j2afot + JO@ + j8@. (2:135.4) 

It is obvious from Equation 2.1.5.1 that 
N(t ; 
6(t) = Im nf + a no} (aie *5)) 

Therefore, as explained in Section 4.1 of Volume 1, 

pd ved NO 

ee = Imdny te 2155.6 

ee or de of ie | ie a 


is the demodulated output of the FM demodulation due to thermal noise. 

The important practical problem is to know the power spectrum of this de- 
modulated FM thermal noise as a function of the carrier-power-to-noise-power 
Tatomleces 
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G G (CG 
Sarre uy BIND = (<) (21:5.7) 
Be wor| 


Although this is confusing because of the notation N, it is represented as (C/N). 
This power spectrum of 1/27 d/dt 0(t), We(f) has three phases as a function 
Of (CIN), 1:6; 


(i) Above threshold (normally (C/N) > 10 dB, approximately) where W, (f) 
is proportional to (C/N)~!. 
(ii) At threshold where W4(f) becomes nonlinear with respect to (C/N) ~!. 
(iii) Below threshold, where W4(f) is a very nonlinear function of (C/N)! and 
W,(/) increases at a much faster rate than that above threshold. 


The area A corresponds to that of (i), B, to that of (ii) and C, to that of (iii). 
In area A if the (C/N) value changes to x dB, W, also changes x dB (linearly). 


Output Signal to Noise Ratio 


(C/N) 
(dB) 





Figure 2.1.5.1 Demodulated FM Signal to Noise Characteristic Ratio versus Input 
C/N 
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Above Threshold 


In this area, the demodulated noise of Equation 2.1.5.6 can be approximated 


as: 
eed i 
Se stint: ee. 
Ged A 


d Nt ; 
= ime er ; (2:1,5:8) 


t 

1 
oo 
As seen from this result, the demodulated noise power is proportional to that of 


N(t). 
In this case, the demodulated noise power spectrum is that of 


im emi} (One 529) 


multiplied by f?. 


Using 
N(2) =O) ce i N() =O) — N(t)* j(t) 
. : Oaleoal() 
in e 2 é e ( ) 


the autocorrelation function of this noise is given by 
1 Re N() N(e+ 7)* e JOO tjOU+7) 
2 A? 


N(t) N(t+7) 
(ae 





-wo-ieen| ; (Qale sath) 


From the result of Section 2.1 in Volume 1, 


E{N(t) N(t+7)} = 0. (2.5155: 1:2) 


Assuming that N(t) and ¢(t) are statistically independent, Equation 2.1.5.11 is 
reduced to 

: Re 7 E{N(t) N(t + 1)*} Efe 200 Feet 9}, @Qi1543) 
As seen from the result of Section 5.1 in Volume 1, 


Efe Je Ot joer my (2,129.14) 
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is equal to the Fourier transform of 


W.Cf)/C (219 5.15)" 
where 
2 
C= . : (22125:16) 


Note that the center of W.(f) is zero frequency. 
On the other hand, from the result of Section 2.1 in Volume 1, 


E{N(t) N(t+7)*} = 2E{N.() N(t+7)} = 2 Ry(t)  (2.1.5.17) 


where Ry(t) is the autocorrelation function of the r.f. noise whose center fre- 
quency is shifted to zero. 

Thus, the demodulated noise spectrum is the Fourier-transform of Equation 
2125; 1S pac. 


Ee WN @ WN |P-*< F<) (2.1.5.18) 
where Wy(f) and W.(f) are respectively the power spectra of the r.f. noise and 
FM signal whose centers are shifted to zero frequency. Obviously, the demod- 
ulated signal is 


2 b(t)’. (2.1.3:19) 
27 


Represent the power spectrum of this baseband signal by Wo'(f). Then the 
output power spectrum of the FM demodulator becomes 


l 
WosG er Ye [Wi f) © WD] f? (2 <f<%). (2.1.5.20) 
For example, in FDM-FM signal and flat spectrum thermal noise cases, Wy(f) 
is flat within the r.f. signal bandwidth (because of the receiver bandwidth filter) 
and W.(f) is distributed much more narrowly within the noise band as seen 
from Figure 2.1.5.2. 
Therefore, Wy(f) () W.(f) is approximated as 


W.(f) ©) Wf) = C No Gis:21) 
within the baseband signal bandwidth, i.e., in 
re fe (2p iroD.2) 


Le is the power spectrum of the FM signal of Equation 2.1.5.1 whose center frequency is 
shifted to zero. Note that W.(f) defined by Equation 5.1.4 in Volume 1 is different from this W.(f) 
through factor C. 
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where f;, is the highest channel frequency. 
Thus, the second term of Equation 2.1.5.20 is given by 


S No 2 Ke ee 
ee ee ee (2515.23) 
On the other hand, 
2 
We p= a Ceo a7) (271.5324) 
2fh 


where o? is the power of the baseband signal. 

Therefore, considering only the positive frequencies (positive and negative 
frequency components are symmetric), the signal-to-noise-power ratio at each 
channel (called NPR - noise power ratio) is given by 4 





ae 
i Ay Ge) C\be 
(S/N) = = re re a) @A75:25) 
No —) No fia 
pi 


where Af is the voice channel bandwidth and G,,(f) is the pre-emphasis gain. 
Note here that within f + Af, the above functions are almost constant. 

For general interference cases, where the power spectrum is not necessarily 
flat, the analysis is a little more complicated but can be done in a way similar 
to that shown in Chapter 5 (FM Section). 

For example, the following analyses the effects of the up- and downlink noise 
on FM signals in satellite communications, where nonlinear effects exist, in 
order to show how the transponder nonlinearities affect the FM demodulation 
scheme. 

Present the input to the satellite by 


Ccen Duehe he OL? EAN, (eo (195226) 
where 
POS LO) nee OLLOD 


N,- and N,, are inphase and quadrature components of the narrow band noise 
(i.e., the bandwidth of the noise is much smaller than the center frequency fo). 
Then, 


ex |B (De C53) 
and Z denotes ‘‘the angle of’’ and 


BQ) = Aesoti® + N.. Cale 29) 
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The output of the TWTA is given by 
20. = a eif(lBD ec, (2.1.5.30) 


Expanding g(|B|)/|B| e“'®) using the Taylor series expansion on N.,, and N,,, 
we have 


EO — Aer e Oe 
=F [J Im{N,,e J? J} a {G(x,)' Pra 
*Re{N,,2 1° 7?}] g(A) eifA) pi®ottjo+je 

u A 


= Aeivot+i>+je 


J Pree 
ielene liter a 
A m| i | 


1 
Ne DN foo ne iB Fox) | 


: Ref nye | wo elf), (Q3 31) 
If the TWTA is linear (G(x,)' = 1 and F(x,4)' = 0), the above becomes 
esOv = yg 


1 uy 
: h = que cn | Cx1:5,52) 


where 9(A)/A = g, and f(A) = 0. This result is linear to the input as is expected. 
In case of the ideal hardlimiter, G(x,)’ = 0 and F(x) =O; then 


en zs gree Tee 
a sj Im{N,e IM} eimotts6 +79 (A=) On 523) 


The noise is perpendicular to the signal in this case, as is expected. The factor 
g(A)/A e/) is irrelevant in the analysis,’ since it is common both in noise and 
signal, and e{?} y can be represented as 





"Assuming that the FM signal is the ideal one, i.e., that there is no amplitude fluctuation (A is 
a time invariant constant). 
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ey = Aelrortio tid 
oi ina Nera? AGG, RP @,) ) 
-Re(N,e 7° -79)] F208 FIO +79. (2.1.5.34) 
Rewrite e® y of this result as 
€fOy = Acie tsets® 4 mp eleortie*s (2.1.5.35) 
where 
mG) =e din Nie. 2a eG) GRE (K,)’) 
»Re{N,e 7° J}, (25175236) 


As seen from the above results, while in the linear case the inphase and quadrative 
components are independent from each other, and the average power of these 
two components is equal, this is no longer true as seen from the hardlimiter case 
of Equation 2.1.5.33 where only the perpendicular component to the signal vector 
exists. In addition to the uplink noise of Equation 2.1.5.26, the downlink noise 
must be added before the EFM receiver, 1.e., 


edy = Aelorrtset? 4. nigel tots? 4 No eI! (2.1.5.37) 
where 


where Ncp and Nsp are respectively the inphase and quadrature components of 
the downlink noise 


2. y = Agi tiO4i® 4 y(qeidortio+i9 (2.1.5.39) 


N(t) 


Il 


n(t) + Np(the i? . (2.1.5.40) 


To obtain the demodulated output of the FM receiver at ground station, rewrite 
Equation 2.1.5.40 as 


€s+N — peimsrieri| SP A 


aoe N 
= 4] = “| eieort se tu8 ex Im} oe A a are One 21) 


Thus, the demodulated output by the FM demodulator is given by 


| @ lL a N 
ee in og le) 2.1.5.42 
27 dt oy) 2a dt n{ on Al 
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Above the EM threshold, the second term of this result which is the demodulated 
noise, is approximated by 


N,+WN Bhan 
Camas 4 im =i(20)" 5 jn] = AD co 


d a 
CoA pe) RON ee 
ee Peed) BeNae } (2.1.5.43) 


since the average {|N/A|*} << 1 holds. The power spectrum of Equation 2.1.5.43 
is that of 


N 
im{ | (2.1.5.44) 


multiplied by f? as explained before. The autocorrelation function of Equation 
2.1.5.44 is 


; mc Re{E[N(t) N(t+7)*] — E[N(O N(t+7)]} 
1 = ap Tv 
= me [Ruu(t){1 + (BF (x,)')?} + Ryp(t)] e pres NY 
ss a Ce ke (2.1.5.45) 


where R,y(7) is the autocorrelation function of 
Nysl1 a (BE Gey) 27 ote Nps 


and exp[—R,(0) + Ry (t)] cos(@oT) is the autocorrelation function of the FM 
signal whose power is unity. 

In deriving Equation 2.1.5.45, N, and Np(t) are independent and therefore 
all the cross correlation functions are zero. Further 


E{N,(t) N,(¢+ 7)} = E{Np() 


Np(t+7)} = 0 
and 

EN, () N,(¢+7)*} = 2 Ryu (a) 

E{Np(t) Np(t + 7)*} = 2 Ryp(a) (2.1.5.46) 
where 

Ryu(t) = FINO Niet 7} 


E{N,s(t) Nus(t + 7)} 
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Ryp(7) E{Npc(t) Npoc(t + 7)} 


II 


E{Nps(t) Nos(t + 7)}. (2.1.5.47) 
The autocorrelation function of the r.f. up- and downlink noise, 
N, c(t) COS Wot — N,,(t) sin Mot and 
Nyu(t) COS Wot — Nyp(t) sin wot (2.1.5.48) 
are respectively given by 
Ryn(t) COS (WoT) and Rpy(T) COS (WoT). 


In practical cases (even at the saturating power of TWTA), (BF(XA))’)? << 1 
and it can be ignored (this means that the nonlinear effects on the uplink noise 
is negligible and can be treated linearly). The power spectrum for Equation 
2.1.5.45 (Fourier-transform of Equation 2.1.5.45) is given by 


OA ies 1 
Ya ie Wy(x)We(f— x)dx = xc BP eons = a) | al Ou) 
where W,(f) is the power spectrum of the noise (Fourier transform of Ry(T)) 
and W,(f) is that of the FM signal of unit power (Fourier-transform of exp[ — R,,(0) 
+ R4(7)]). C is the FM carrier power. 
Thus, the power spectrum of the demodulated noise is given by 
jie 
Ye Inf). See fo: @alkan5 0) 


Using this result, the N.P.R. value-at channel frequency / is 


o2 


Sn —f) 
ha 
2 IC Dy )Go.Ghp ST, 





Af 
N.P.R. = 


ee laakty 
Iy(f) iff (th =i) Grlpy? 





(al zoo) 


In practical cases, the thermal noise has a flat spectrum of a frequency range 
much wider than the power spectrum of the FM signal (W.(f)) and baseband 
spectrum and therefore 


Iy(f) = No (ein 5852) 


where No is the power spectrum density of the r.f. noise. Thus, the N.P.R. (in 
the noise loading test) of Equation 2.1.5.51 becomes 
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INR Ren ee Saag ieee ee ee or mare a C5255) 
No ie (th sali) GF) : 
This result is very well known for FM engineers. In case of a signal interference 
instead of the thermal noise, /y(f) assumes more complicated forms which will 
be analyzed in Chapter 5. 


Threshold and Below Threshold 


The following analyses the areas of threshold and below threshold. In order to 
explain how the phenomenon at threshold and below threshold physically occurs, 
separate Equation 2.1.5.1 into the inphase and quadrature components 


I = Acos o(t) + N, (imphase component). 
O = Asin b(t) + N, (quadrature component). (2.1.5.54) 


Two cases cause the threshold phenomenon. 


(i) Let us use a PR — UV axis instead of the /Q axis in Figure 2.1.5.4. While 
the PR axis component of the vector OP, stays in the negative side (.e., 
on the OR line), the UV component of the same vector crosses the origin 
(0). In the area of C/N at around 10 dB, this happens very quickly in time, 
since the point P, cannot stay in the negative side of the PR axis for a long 
time because of the small noise power (compared with the carrier power 
A’/2). Therefore, the phase of the FM signal plus noise (e) changes 277 (360°) 
very quickly like a step function. 

Thus, the FM demodulator has an impulse at this moment, since it is the 
derivative of the phase. Representing the components of M(t) on the PR and 
UV axes by Np and N,,, the probability of this occurence is 


Ae NO (2.1.5.55) 


and N,, crosses zero at the same time. If N,, crosses zero from the U side to 
the V side, the positive impulse occurs and, if it occurs from the V side to 
the U side, the negative impulse occurs. In this case, the integral of 6(¢) at 
this moment is approximately 27. Therefore, the power spectrum due to 
these impulses has approximately a same density in the low frequency area, 
where it is almost flat because of the impulse noise. 

(ii) When point P in Figure 2.1.5.4 leaves the region P, cuts across the segment 
OP close to O, and then returns to P, 8 changes rapidly by nearly + 7 
during the sweep past O. However, the resulting pulse in 0’ has little low- 
frequency content since the integral of 8 taken over such an excursion is 
nearly zero. Hence, the output of the low-pass filter is much smaller than 
that for an excursion in which 8 changes + 27. 
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Quadrature Component Py 






I Inphase 
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Figure 2.1.5.4 Click Noise Occurrence Diagram of FM Signal 


Phase () 





Figure 2.1.5.5 Phase Change Due to Click Noise 
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Figure 2.1.5.6 Impulse Noise at FM Demodulator Output 


Based on the physical insight explained above, the power spectrum of these 
impulses at FM threshold has been approximately analyzed [37]. The result of 
this analysis concurs with that of the exact analytical result using the precise 
autocorrelation function of the output noise, in which the case of an unmodulated 
carrier plus noise is exactly analyzed. Although the above heuristic approach to 
obtain the threshold characteristic in [37] is a good model for unmodulated carrier 
plus noise cases, it cannot be applied to the case where the carrier is modulated 
rapidly in relation to the instantaneous change of the thermal noise, since the 
above approach in [37] is fixing the angle ¢ first and obtaining the threshold 
characteristic heuristically, and then taking the average of the noise power thus 
obtained (the average with respect to d). This method is only applicable when 
& does not change much faster than N(‘). 

Therefore, in order to obtain the exact characteristics at and below threshold, 
an exact analysis must be done [34]. 

Since the exact solution for the unmodulated carrier plus noise in [89] does 
not show separately the terms which give the characteristics above, at and below 
threshold, in the following, three terms respectively above, at, and below thresh- 
old are obtained. 

Although the modulated carrier case has been exactly solved in [90], (mod- 
ulated by a Gaussian or sine wave baseband signal), it is not shown here, since 
it is beyond the scope of this book. 


The analysis starts from Equation 2.1.5.6 putting b(t) = 0, ice., 


a 

A 

+ (%2) 
A 


0'(t) = Im £ nf + a = Im 


FM Transmission 








51 
Ba * (2.1.5.56) 
: a ae 1 + NO" 
A 
Therefore, assuming A = ei 

O()'6(¢+7)' = Re N(t)’ N(t+7)'* | 

‘ (eS) VN Gea) | 
7 Tee aeaal (2:15.57) 

PV OIE Go)! 


The eight variables’ average on N.(t), N,(t), N-(t+7), N.(t+7), Ni, Nid), 
Ni(t +7) and N{(t +7) is required to obtain the autocorrelation function of 0'(f). 
Represent these variables by 


Zi N,(t), Lig NAGE ig NAO, Tih N.(t)', 

Zo —UN GT), 2 = Nt +a), 2 = Noo), 23 = N+). (1.5.58) 
Then, the autocorrelation function of 0'(1) is given by 

Ry (t) = | i a OG) Cae a8) DAS Wie 6 3 ORR) Ole CEN oO elbae 


(2.1.5.59) 


From the analysis of Section 2.12 and 2.1 of Volume 1, the characteristic 
function of p(z), . . ., Zg) 1S 


Ww 
C(t mea at) exp| - G Fi tat +16) 


V 
ars (B+ E+ 8) = Gig thie) UG) 


— (tt + tote — tzts — tate) U(t)’ 


+ font ee? (Qalio:60) 
where 
E{z, zy} = E{z, Zo} a E{z; zs} = EXz6 Ze} =o (a) 
E{z, Zs} = EXz, Za} = E{z, 2z;} = E{zg zat} = V (b) 
E{z, Zo} = EXz, Zs} =i (c) 


*This does not affect the general rule, since the signal and noise power are relatively important. 
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EXz az te=n0 (d) 


EXz; z4} = 0 (e) 
Fiz. 7 he 7. ze) = O (f) 
Eze 7 = 0 (g) 
FAz, 2,) = Biz, 2) = iz Zeb = 10 (h) 
EX2, 23} = E{z, 25} = E{z, z,} = 0 . (i) 
E{z3 z6} = E{z3 zg} = 0 (j) 
EXzq 75) = Biz, 27) = 0 (k) 
EXzs zg} = 0 (1) 
Eiz 275 = 0 (m) 
E{z, zs} = E{zy 26} = UG) (n) 
EXz, 27} = E{z zg} = —E{z3 25} = —E{z4 26} = U(r)’ (0) 
Eiz3 77} = Ez, 2g} = — U(r)" (p) 

(2.1.5.61) 


where W is the total power of the r.f. noise, i.e., 


W = i? Wy(f)df. (2.1.5.62) 


Note that Wy(f) is the r.f. noise power spectrum whose center is shifted to zero 
frequency. V is the total power of N/(1) (or N/(2)), i.e., 


V= ihe 4n?f? Wy(f)df(= —U(0)"). @:125.63) 


U(z) is the autocorrelation function of N.(¢) or N,(0), i.e., 


U(t) = bo Wy( fe?" df. (2.1.5.64) 


U'(t) is the derivative of U(t), i.e., 


U(t)’ = [a (j2af) Wy( fe? df (2505.05) 


am NL 1 (2uf)* Wy( fle?! df. (2.1.5.6) 
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The relation of (c), (d), (e), (f), (g) in Equation 2.1.5.61 comes from the 
statistical independency of z,,. . ., Zg and that of (h), (1), (j), (k), (1), (m) comes 
from the symmetry of the r.f. noise spectrum around the carrier frequency. 

All these results of Equation 2.1.5.61 can be easily proved by the analysis 
shown in Sections 2.1 and 2.11 of Volume 1 where the noise is represented by 
a sum of sine waves. Using these results, Equation 2.1.5.59 becomes, since the 
Fourer-transtorm: of Cie to. . 2 .. ta) 1S PCy, 2, . «5 22), 


ons | Bs ihe" CXPl Jen 25 + 2° A tg Z9) | OW) OG + 7): 


W V 
-exp| - 3 At Ht ts +06) = 7 Btt + t5 + 13) 
— U(t)(t, ts + tote) or U(t) t+ tytg — I3ts — tte) 


alr U(t)" (tt ar nin | dee ope dzg: dt, dt, este dtg. Cray) 


In order to finish the integrals of z,, z,, . . ., Zg, in Equation 2.1.5.67, let 
us evaluate the following integral:* 


1+ a te ee eee Fo 
ike 7 ie Ih _ 24 +22) eae 22) He RR RI dz, dz, dz; dz,. 
x (1+z,)* + 2? 


(2215.68) 





Using the formula for the 5-functions in Section 2.4 of Volume 1, this becomes 


(1 = 2) 


iy 2) ' (ae 
JAM) SEs) 3(t) [. i (1+2z,)? + 2% 
- eltzatina dz, dz. (Zi le209) 


The integrals with respect to z, and z, are done by transforming z, and z, into 
the polar coordinate transform, 





1 + z =rcos9 
z=r9r sin 9 Gripss70) 
aera, arcos 0 
—jQm)rBG)bq)' e 7 J | 
el cos +1, sin ®)r rar dé Gales 1) 


‘The integrals for the other z’s can be done in a way similar to this case and are therefore not 
shown here. 
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where 


cos 0 ela cos 8+, sin 0)r ts 


th 

(= 45 oT iVi+ B sin(0-+1an-" 2) 

——______ e 1 
Ds 


2 k=-ox 


: exo er atanie 3 2) | : SQLTS272) 
1 


See Section 2.3 of Volume | for this expansion. 
Using the relation 


je =i) wy 
= pS) DE ear) 


27 
[ e/® d@ = 0 (kA0) 
0 


= 27 (k=0), (251,5:73) 


the integral of Equation 2.1.5.72 with respect to 6 is 


t : b 
pita ican ee 
mJ 74 (VG tate re Hom JgGwiy aie ve 4 
t 
= (j2m) J\(Vti + Br) >=. (2.15.74) 


Vie 


Now, the integral of Equation 2.1.5.74 with respect to r is given by 


: SIN Gaia) a 
[ IVE + Br)dvy = | “Ta 

0 VP 
I 


a ZAC 
Vita kone 


r=0 


Therefore, Equation 2.1.5.71 becomes 


ly 
(tt + £3) 





(27)? 8(t,) 8(ty)’ e 7” (22105../6) 

Thus, the integrals with respect to f;, t,, t, and tg can be easily done by using 
the integral formulae of 8(¢) and 8'(2) in Section 2.4* of Volume I. Equation 
2.1.5.67 now becomes 


‘The 8-functions of t, and tg can be obtained when the variables of the z’s other than Z,, Z), and 
24 are eliminated in a way similar to the case of Equation 2.1.5.68. 
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1 A ia W 
5 2m) * Re lt jig exp| - Pa ean) — U(r) 





Ceo ia im es 
inte te) | [OOO purer UI i 


' Graig es 
CSA ae (4 Des) U' (1)? (ty —jty) (ts — jt) 
emo dt, dindt. dig. (Dale Seay 


Transforming (¢,, t)) and (ts, tg) to polar coordinates, using the same expansion 
formula as in Equation 2.1.5.72, and using Equation 2.1.5.73, Equation 2.1.5.77 
becomes 

U'(a)? 


Sag.) et (| i | I, (Uxy) Jo(x) Jo(y) 


Ww2 
EEK D ate = Gey al sandy 


oC oS oC Ww 4 >. 
ae arti) a) 
— aun |” [oS 1(Uxy'L,0) 0) € 7 dx dy 


n=1 


oom capes Sree 
-2i@? | [oS ume hore 2° oy aay 
1 


= 


‘x2 


23) oo) ee ee y?) 
+ 2U"G)? | i OO) Gr, oye 7 xy dx dy. 
1 


Le 


(2.10578) 


The second and third terms can be rewritten as 
d2 boo ee * 1 = acs y?) 
—-—>2 DL (xy) Jay J) pene dx dy. (2.1.5.79) 
dt O70) |Get xy 


This double integral is a function of U(t) and the Fourier-transform of it 
(excluding the double differentiation) gives a flat power spectrum in low fre- 
quency areas (baseband frequency areas). 

Therefore, the Fourier-transform of Equation 2.1.5.79 (the power spectrum 
of this component) is approximately proportional to f ? because of the double 
differentiation with respect to 7 (in the baseband frequency area). 
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In the above threshold area (C/N) > 10 dB, the following approximation holds 


= ] 
> LOO I) = 5 UO wi) Sy) 2.1.5.80) 
1 


T= 


where this approximation was done by expanding the function of U(t) to the 
power series and by taking only the term of U(t) (ignoring the higher power 
of U). 


Then, Equation 2.1.5.79 is approximated as 


Z Be et p aie 
i A@e * a  - “ve| =(l-e Wy 
d? ye 
(- We v0) = — 25 Ua). (2.15.81) 


This result is equal to that of Equation 2.1.5.18, considering that it is assumed 
here that 


(a) there is no modulation, i.e., 


1 

ee) = 8(f) (2315582) 
and, 
(b) 

AG aver. 

TO = Ar as ft (2:1 .5.83) 

Note that, in this case, 
Ry(t) = U(t) (2.1.5.84) 


since both are the autocorrelation function of N.(t) (or Ns(t)). 
The Fourier-transform of Equation 2.1.5.81 is 


(Qf)? Wy(f). (2215.85) 
Therefore, the demodulated noise power spectrum is given by 
Wy (ff? (—2 <f<-), (2.1.5.86) 


This is equal to Equation 2.1.5.18 under the above simplifications. 
Let us take the fourth term of Equation 2.1.5.78, i.e., 
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% o roc ] 
= S(G2sb ye) 
2p (t) | | i np Se = pe 
p »> ae (pxy) Vw) o"\ Ap xy e dx dy 
(2. 185287) 
where 
p(t) = U(t)/W. (2.1.5.88) 


Using Equation 2.1.51 of Volume | twice for x and y, this becomes 


TR ase p 
De | Lo: 
(L—p*) ‘ n=] (5) C = ee 


From Equation 2.3.32 in Volume 1, 


2 
Bese) ee eo p 5; 
a iz "3 A. 9 |. Io wa =e) (2: 125.90) 


Thus, Equation 2.1.5.89 becomes 


p' (7)? Sore ) nee 2) 2p 
(ee Gl eee Wa ey) | 15-90 


As shown in [88], this term gives the threshold characteristic whose power 
spectrum is flat around zero frequency (around the baseband frequency). 

As shown also in [88], this flat power spectrum around zero frequency can 
be approximated by the Fourier integral at f = 0 with the approximation 


p” (0) 2 
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no) 
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iS) 
| 
i) 
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p(t) = 1 + 5 (@ale5292) 
and 
Eeee Ze 
_ 5 2W=p?) 2p Suche § Et 20.) 
| e Io 5 5 l 
2W (1 = p*) 
= 1 @ale5593) 


Namely, this flat threshold power spectrum becomes approximately * 


*Since the power spectrum of this noise is much more spread than that of the r.f. noise bandwidth, 
the Fourier-Transform of this autocorrelation function around f = 0 is determined by the approxi- 
mation of Equation 2.1.5.92 as shown in the following. 
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2) - Zo) 2p 








e eae oa Wate) ee (p"(0)7)* i 2 2Wi+p) 2W+e) dq 
oe een 1 . 
aE? 2(— = p"0)7?) 
D) 
ee Pee 
Ee (=p"(0)) e 2W e2 2W dt 
pede 
= V2W V—p"(0) V27 e 2" (-w < f < ~) 
(2.1.5.94) 
where 
V 
= 0)i((O)) eae DAE S295 
p”(0) W ( ) 
Then, Equation 2.1.5.94 becomes 
sei 
2NQV Vane 7" O=h) (2.1.5.96) 
where it should be noted that 
l 
C | NE— ee ZA) 


2W 


The result of Equation 2.1.5.96 is equal to that obtained in [37] and [88]. 
The first term of Equation 2.1.5.78 is important for the below threshold area, 
which can be rewritten as 


= 2 (x? + y?) 
l ae 0’? [ [ ef y S . 
0) E | 2p lo I, (pxy) Jo \/W Jo \/W € dx dy. 


(22163.98) 


In the limit W — ~, Equation 2.1.5.98 corresponds to the case where there 
is no signal carrier and only noise. Thus, the autocorrelation function of the FM 
demodulator output when the input is only the thermal noise is given by 








x* + y2 


ise ae 20 | | nome 2 dx dy (2.1.5.9) 
5 0 o2 ee 1 ’ 








where 


a 
ime — | el DM Dye KOO 
tlie (35) ( ) 


FM Transmission 59 


and 


(sy) 


2p iS ihe I,(pxy) 4 dx dy = — In(i—p?). (2.1.5.101) 





Therefore, Equation 2.1.5.99 becomes 





1 0" op’? 
i In(1 — p?). Dol So MOY 
2 p | n( p°) ( ) 


This result is the same as that of [35]. 

As shown in [35], this function has « value when t — 0, which means that 
the output of the ideal discriminator has infinite power when the input consists 
of thermal noise only. This term is only important below threshold and, since 
the signal is operating normally close to or above threshold, the demodulated 
noise spectrum at threshold or above, which is that of Equations 2.1.5.96 and 
2.1.5.86, is shown in the following. 

Assume for the sake of simplicity that the r.f. thermal noise is flat in the r.f. 
bandsutter. 


[fl = 


Wy(f) NG 


wl= 


Cele 2t03) 


NIB vols 


0, hes 


where B is the r.f. noise bandwidth. In this case, V of Equation 2.1.5.66, 1.e., 
Equation 2.1.5.63 is given by 


= (72/3) WB?. (2.1.5.104) 


The power spectrum of the demodulated noise at and above threshold is 


1 

Wn(f) 1 ~ OW 
24 ——=vV2WB 

Cc f \/ 67 : 


-V 
is Wy(f) 1 C 
senor f? + se (§) 





ah (Ges fy (2.125.105) 
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1 1 (€; 
pale Ae? ye aes heen fobs 
in this case. 


The first term of Equation 2.1.5.105 gives the triangle noise above threshold, 
and the second term gives the output noise around threshold. 


Note here that 


2.1.6 FSK Signal Transmission 


Let us analyze the case of Figure 2.1.5 from Volume 1. Ideally, the input to 
this receiver of a FSK signal is given by 


eg = > AsinQar(fhy Pa Afyr +6.) s@=nT) “ N64) 
where a, takes + 1 independently with the equal probability 2. Also, for sim- 
plicity’s sake, let us assume that a, and a,,(n#m) are independent. s(t) is defined 
by Equation 4.3.3 from Volume 1, i.e., 


@Qe= 1, jis 4 
Sider 2 
ih 
= 08 [aes (2.1,6.2) 
f, and f, of Figure 2.1.5 from Volume 1 are 
fo HEA 
r= sor we (2,163) 


Equation 2.1.6.1 means that e,(f) takes the frequency f; or f, in each symbol 
interval, (nl P/2ant i ye = On eee ee 
e;(t) of Equation 2.1.6.1 can be divided into two portions: 


€xlia= D hoy stair | sin{27(fo+ Af)t+ 6,,} 





=-<x 


= (1 
+ oy, ( *) sa) | sin{27(fo — Af)t+ @,,}. 
(2.1.6.4) 


where b, can take +1 independently with equal probability 1. Cc, takes also 
+1 randomly but it always has to satisfy 


b, +c, = 0. (2.1.6.5) 
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As seen from the analysis of Section 5.6.1 in Volume I, the power spectrum of 


—~ (1+ 5, 
» ar S(t yi pee OG 


3 fen) s(t —nT) (2.1.6.6) 


has the shape of Figure 2.1.6.1. 

Therefore, the power spectrum of the first term of Equation 2.1.6.4 is given 
by Figure 2.1.6.2. 

The power spectrum of the second term of Equation 2.1.6.4 is that of Figure 
2.1.6.2 whose fo + Af is replaced by fp — Af. However, from Section 5.6.4 
of Volume 1, the power spectrum of e;(¢) is given by Figure 2.1.6.3. 

In the above power spectrum example, the phase discontinuous case of the 
FSK signal is assumed (see Section 5.6.4 of Volume 1). 

Suppose, in this case, that the signal f, + Af = f, is sent in the k-th time 
Interval (kL — 2. Kl ewe /2): 

Then, the output of Filter Il whose centre frequency is fo — Af should only 
be the thermal noise but, in reality, there is a signal output due to some leakage 
from the spectrum of the signal f, which is sent. Also, the output of Filter I 
fluctuates because of the intersymbol interference effects which can be analyzed 
in a way similar to the cases of Section 3.2.1 of Volume 1 and 2.3.2 of Volume 2. 
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Figure 2.1.6.1 Power Spectrum of Signal of Equation 2.1.6.6 
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Thus, the outputs of Filters I and II, in Figure 2.1.5 of Volume 1 fluctuate 
due to these effects. Also, the noise power of Filters I and II cannot be exactly 
equal. 

Therefore, the probability of error for this FSK signal receiver, when the f; 
signal is sent, is given by (see Equation 2.1.82) of Volume 1). 


jy ee ee oF a? 7 Ge a 
Sire si) FR Sa ee De ae 2D 2 
oT + 05 2G. 05 LATOR Reet gS 


oe 
(22 ap) + o( Se elo ee 
"oy + 03 Vota Vion wun 
where 


A A 
a=—>, p=. (2.1.6.8) 
Gj 2 
a7 and 3 are respectively the output noise power of Filters I and II. 
In this case, 


A = A ar AA, 


where AA, is the fluctuation due to intersymbol interferences and AA, is the 
spectrum leakage from the f; signal, sent as explained above, and due to inter- 
symbol interferences from its own signal. 

Although the result of Equation 2.1.6.7 is accurate, in order to see the physical 
insight, let us see what happens to this P, in the ideal case where no such 
disturbance occurs, 1.e., 





A — A 
A, = 0 (Pas ew) 
] {Ae 
[De eens Dine id 
assuming that 


which is approximately true in most practical cases. 


2.1.7. FM Click Noise Due to Overdeviation (and Filter Distortions)* 


If the FM signal modulation is overdeviated against filters, not only do phase 
distortions occur but also amplitude distortions (amplitude fluctuations) are pro- 


‘The analysis of this section is done by Dr. N. Mathews. 
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duced. Then, because of an instantaneous FM amplitude reduction, the amount 
of FM click noise (threshold noise) is increased. The analysis for this case is as 
follows. The probability density function of the envelope of the filter output 
€o(t) (see Equation 2.1.1.4) is first calculated and then, the number of clicks 
per second will finally be evaluated. Now, the instantaneous peak power of the 
distorted FM signal is given by 








a 2: 
Ma OO) i ef P(t) h(x) dx 2.17.1) 
The cumulative probability distribution function of p is given by 
D(po) = Pro{p = po} 
= [-, we p)P(o)dp (2.1.7.2); 


where Pro means “‘probability of’’ and uw is the unit step function, i.e., 
Ws) a0) 


OP SEU: (21273) 


The evaluation of Equation 2.1.7.2 is fairly difficult but it can be obtained for 
some special cases. Expand (t— x) by a Taylor series of x as 





] 
b(t—x) = b(t) — GG)'x + a l(a) x, 


Take only the first two terms of this result as 


OE =X) = (7) =O) (DA5) 


and substitute this into Equation 2.1.7.1. Then, the function p of Equation 2.1.7.1 
is obtained by 
2 


el?O “JOO'x f(x) dx 


Vex (*) 
200 


Since 1/27 ¢$' is the instantaneous frequency, in this equation, [You (b'/2ar)|? 
is the factor which shows the attenuation of the filter at the instantaneous fre- 
quency 1/27 ’(t). Thus, in this case, D(po) of Equation 2.1.7.2 means the 
cumulation probability with which the filter attenuation at the instantaneous 
frequency becomes higher than a certain level. Namely, the approximation of 


Dee 








2 


= A? (O3i7.6) 











"P(p) is the probability density function of p. 
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Equation 2.1.7.5 is valid when the baseband signal 1/27 '(t) is slow, i.e., the 
stationary analysis can be applied under the assumption of Equation 2.1.7.5. 
However, the approximation of Equation 2.1.7.5 is not valid for a general case. 
Accordingly, more terms must be used in the expansion of Equation 2.1.7.4. It 
has been found that it is enough to consider the terms up to 6’ (f), L.e., 


1 I 
b@—x) = 6D — O's + Fo"? — 5 O—" 








h(i Ue evK — wx? Cal )), 
“= o0). v= = O00", = 5 O00" (2.1.7.8) 
Then, 
pr Ae i fe e —juxtjvx? jwx° 
= p(u, v, W) (Qeli9) 


D(po) = Ie u(Py — p) P(p)dp 


= Ve if i u(py — p) P(u, v, w)du dv dw. (2.1.7.10)* 


The Equation 2.1.7.10 can be evaluated only for special cases, e.g., when '(f) 
is a Gaussian process. Some investigation showed that ¢'() for FDM/FM signals 
is a Gaussian process (see Section 3.1.4 of Volume 1). 


Under this Gaussian process assumption, Equation 2.1.7.10 can be evaluated. 
In this case, 


at = EQ} = On)? | Wel /af 


ii 
of = Ev} = FEL Pp wyHar 


ees 
od = Ew} = S| wat 
E{uv} = E{vw} = 0 
een = 03 Osa 





*P(u, v, w) is the probability density function of u, v and w. 
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where W.,(f) is the power spectrum of the baseband signal (271) ~'¢'(t). There- 
fore, the covariance matrix of u, v and w is given by 


meh 


az 0 
Ke OM sas 0 QAale7* 12) 
—a2 0 


The probability density function of u, v, and w is given by 


v2 a3 u2 + aj w? + 202 wu 
sittin ohne A ON, We Le 
ONO” Nixes my Va 
Using this result and Equation 2.1.7.10, the cumulative probability function 
D(po) is given in Figure 2.1.7.1 as an example, where curve | considers only 
u, curve 2 considers only u and v, and curve 3 considers all u, v and w. As seen 
from this example, curves 2 and 3 are fairly close and this shows that the 
convergence increasing the number of terms is very quick. The convergence of 
this calculation can be proved in a general way, although it is beyond the scope 
of this book. The number of clicks/second is a function of o% and p (instantaneous 
envelope)’ assuming the change of p is not as fast as that of 
the thermal noise (this can be shown in [34]) and can be represented by 
Mon, Po): 
Thus, the average number of clicks considering the fluctuation of p, is given 
by 





Mer i M.(Gn, Po)dD (po) = i M.(Gn, Po)D(Po)'dpo. (2.1.7.14) 


Once the result of Figure 2.1.7.1 is known, the evaluation of M,; is done simply, 
since the function M, is experimentally or theoretically known [37]. 


2.1.8 Extension of Threshold of FM Signal Demodulation 


As analyzed in Section 2.1.5, the demodulated signal-to-noise-power ratio 
(S/N) is a function of (C/N) (carrier-to-noise-power ratio) at or below threshold. 
Therefore, if the r.f. noise power N (of C/N) is reduced, the extension of the 
threshold point becomes possible. The reduction of the r.f. noise power at the 
FM demodulator input becomes possible, if the r.f. noise bandwidth is signifi- 
cantly reduced without distorting the signal. 

As explained in Section 2.1.7, if the FM receiver bandwidth becomes smaller 
(than Carson’s bandwidth), the FM signal bandwidth fluctuates and the click 


avian os : , F 
"Oy 1s the thermal noise power added to this signal. 
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Figure 2.1.8.1 Extension of Threshold Characteristics 
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Figure 2.1.8.2 Simplified FM Feedback Circuit for Threshold Extension (Theoretical 
Model) 
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noise is increased, which deteriorates threshold characteristics. Also, filter dis- 
tortion is increased (see Section 2.1.1). There are two approaches to achieve 
noise bandwidth reduction without distorting the signal. 


(i) Feedback systems. The input e(t) after the receiver (Carson’s bandwidth) 
filter is represented as 


e(t) = A sin{wot + b(t) + 8} (Qa 8x1) 


where (271) '(t)' is the FM baseband signal and 0 is an arbitrary carrier phase. 
Represent the output of the bandpass filter and input of the narrower filter as 


e,(t) = B sinfo,t+Lo(t) +r} (1182) 


where A is an arbitrary phase. Represent the output of the frequency reduction 
circuit (instantaneous FM frequency divider) as 


ib r 
e() = C sin] + =o) + | : Ou23833) 


Then, 


ib, 
e(t)e,(t) = A cos| (oy = 2), oF (: = t) OG) 50 = s} 
AC Ib. 
x A cos) (on + 2), e ( + E) 60 he s} 


(2.1.8.4) 


Then, the bandpass filter output is 


i 
e,(t) = AE os{( = 2), + ( = EJ 60 je s} SOS) 


Comparing this result with that of Equation 2.1.8.2, 


( 3 EJ ow = Loti) 
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Thus, 
it 
ig a 
eae 
M 
eee (OM 827) 


o 


Therefore, the frequency deviation of e,(¢) can be smaller than that of e(t) and 
therefore the narrower filter of Figure 2.1.8.2 reduces the power of the noise 
without distorting the signal. Although the model of Figure 2.1.8.2 is too simple 
to obtain more precise results, the author thinks that giving a heuristic explanation 
to the readers is enough. At all events, note that the exact solution of this feedback 
system is almost impossible to achieve. 


(ii) Instantaneous frequency tracking. The r.f. receiving signal is represented 
by Equation 2.1.8.1. The instantaneous frequency of this signal is given by 


jo (2m) NoOM> (2.1.8.8) 
If the local oscillator (or phase lock loop) (see Figure 2.1.8.3) tracks this in- 
stantaneous frequency roughly, 


é,(t) = B sin(o,t+Bod(t+ Ad). (2.1.8.9) 
Thus, the output of the mixer can be 


AB 
en() = z_ COSt(@ = wi) te i L=13,)b(2) 0 a 


AB 
+ ay cos{(@p + ,)t + (1+ B)b() + O+A} (2.1.8.10) 


(ie Beatlhy: 


Therefore, the zonal filter to pick up the (w9—,) component in Equation 
2.1.8.10 can be narrower than that of the Carson one in the bandwidth. Thus, 
the noise power of the FM demodulator and C can be smaller (at threshold point). 
The word ‘‘roughly’’ mentioned just before Equation 2.1.8.9 means that the 
frequency deviation of e,(t) does not have to be the same (it can be smaller) but 
it must follow the time change, ’. In this case, the frequency tracking circuit 
can be an instantaneous frequency divider as that of case (i) described above, 
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Figure 2.1.8.3 Frequency Tracking Circuit for Threshold Extension 


where 
mil 
Pier 
= “0 BM go il il 
Oa vp (Cale Saini) 
Then, 
AB 
Co) — _ COS{(Wo — wi) (1 SB yb@) a0 Nh} 
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AB 1 1 1 
Co) = 2B cost (1 si i) Wot + (: = i) b(t) + o(1 _ “| 
Oe Sal) 


2.2 SINGLE SIDEBAND SIGNAL (SSB) TRANSMISSION 


As explained in a simple way in Section 4.2.4 of Volume I, the SSB signal is 
one of the sidebands of an amplitude modulated signal in which the baseband 
signal (modulating signal) is normally a voice signal. 

Represent an amplitude modulated signal (by a voice) by 


e(t) = A[1 + (2)] cos(wot + 8) (2.2.1) 


where A, , w and 0 are respectively amplitude, baseband (a voice), angular 
carrier frequency and arbitrary phase of the AM signal. 

Our ears can only distinguish the power of each frequency component of the 
voice signal, i.e., |Y4(f)|* is only important for our ears, where Y4(f) is the 
spectrum of o(f), 


ede aye iL b(ne 2 dt. O22) 
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In other terms, our ears are insensitive to the phase of Y,(/f). Therefore, the 
transmission problems can be analyzed by power spectrum approach. 
The autocorrelation function of e(¢) is given by 


Average {A[1 + (1)] A[1 + b(¢+7)] cos{wot + 0} cos{wo(t + 7) + OF} 
= (A*/2) [1 + E{(t) b(t + T}] cos(aot) 
= (A?/2) [1 + Rg (7)] cos(woT) (22223) 
where 
E{o@} = E{o(rt+7)} = 0 (2.2.4) 


and R4(z7) is the autocorrelation function of (ft). 
Fourier-transforming the result of Equation 2.2.3, the power spectrum of e(f) 


is given by 
AP VA | 
= ; OE eI) oe Oe fo) 


2 


A 1 1 
ag >) i: Wei Gi = fo) ede FW +) (Of S50) 


(2-255) 


where W,(f) is the power spectrum of df) (-~“ <f< &), 

As seen from Figure 2.2.1, the AM signal power spectrum consists of three 
components, a line spectrum (residual carrier power) and the power spectra of 
the upper sideband and of the lower sideband. The upper sideband power spec- 
trum is the same as that of the baseband signal except for the fact that all the 
frequency components are shifted by f,. The power spectrum of the lower side- 
band is symmetric to that of the upper sideband around fo. 

In the SSB systems, only the upper sideband is transmitted and the other two 
components are not transmitted (or vice versa). 

At the receiver, the frequency components of this upper sideband are shifted 
down by fo, which obviously becomes the transmitted voice signal. If this fo is 
not the same as the transmitted f,, the received signal becomes distorted. There- 
fore, the receiver must generate a sine wave whose frequency is very close to 
the transmitted fo (e.g., within +5 Hz) or the transmitter must transmit a pilot 
from which the receiver generates the precise fy component. 

Although this transmission system is convenient because 


1. The transmission bandwidth is the same as that of the baseband signal (voice 
bandwidth), and 
2. The modulators and demodulators are very simple. 


there are two main disadvantages, i.e., 
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Figure 2.2.1(a) Power Spectrum for Single Sideband Signals in Complex Represen- 
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Figure 2.2.1(b) Power Spectrum for Single Sideband Signals Real Representation 
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(a) there is no modulation gain compared with other systems. Thus, more trans- 
mitting power is required. For example, in FM systems, the demodulated 
signal-to-noise-power ratio is better than the r.f. signal-to-noise-power ratio 
((C/N)). But, in this system, the noise power ratio of the demodulated signals 
is equal to (C/N). 

(b) The SSB signal is very weak for intelligible crosstalks (understandable voice 
or tonal interferences). For example, in FM and PSK signal systems, these 
intelligible interferences in r.f. become unintelligible through nonlinear de- 
modulation schemes of FM and PSK signals. But, in this system, the in- 
telligible interferences in r.f. stay intelligible even after the demodulation 
into the baseband, since the demodulation scheme is linear. 


Therefore, the companders (explained in Section 4.1 of Volume I) have been 
introduced to this system to compensate these disadvantages. However, even 
after the introduction of companders, the existence of intelligible interferences 
must be very carefully avoided, since the effects of the intelligible crosstalks on 
SSB signals are very severe (see Chapter 5). 


2.3 PSK SIGNAL TRANSMISSION 


In Section 4.3 of Volume I, the sketches of the PSK (phase shift keying) mod- 
ulation are explained simply. In this section, more detailed theoretical analyses 
are shown from the transmission point of view. 

In Section 2.3.1, the effects of thermal noise on PSK signal transmission are 
analyzed. Section 2.3.2 discussed the effects of intersymbol interferences (due 
to filters) and, Section 2.3.3, the combined effects of thermal noise, intersymbol 
interferences and non-linear devices. 

In Section 2.3.4, the transmission analysis of staggered PSK and MSK signals 
is shown. In Section 2.3.5, the DPSK signal transmission is analyzed and, in 
Section 2.3.6, the TDMA signal transmission is shown. 


2.3.1 Effects of Thermal Noise 

As shown in Section 4.3 of Volume I, the ideal PSK signals are represented by 
A cos(Wot + d(t) + 8) (2.3) 

where 


T 
ae) |¢ — kT| <= 
2 

C=O eee lee) 


and @ is an arbitrary phase. 
If M = 1, 2, 3, each becomes respectively the binary, quarterly and octal 
phase cases. It is assumed here that the value of ¢(f) in each time interval defined 


PSK Signal Transmission qi 
by Equation 2.3.1.2 is statistically independent for different values of k. 
If thermal noise is added to Equation 2.3.1.1, it becomes 
A COS(Wot + b(t) + 8) + N.(t) cos(Wot) + N,(t) sin(wot) (2.3.1.3) 


where N.. and N, are respectively the inphase and quadrature components of the 
r.f. noise. 


2.3.1.1 Binary Case 


Instead of analyzing a purely ideal case, let us assume that the amplitude and 
the phase are distorted. In a purely ideal case, the error occurs when 
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Figure 2.3.1.1.1(b) Signal Space of BPSK (Distorted Case) 
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Since the probability density function of N, is given by 


2 
X= 








P(x) = aoe © (2:3:1.1:3) 
the error probability of Equation 2.3.1.1.2 is given by 
[A+ AAyc08(88) if 1 ~(A+AA)cos(A8)  _ —- 
p= | P(x)dx = |! Qe olniks 
(A+ AA) 


yea nga Ie aCe 
e dx = —-erfe pe! cos(A0)] 
2 oO 
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—-<x 


| Eg D 
Lee( (6) ‘ a i cos(A0)] (2251184) 


where, since the carrier power is C = A?/2 and noise power is o”, 
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and 


erfc(z) = al y Oa C311 


2.3.1.2 Quarterly Case 


In the ideal case, when 


7 
A cos (=) fod <a) 


or/and A cos (=) tN <0) (253) LeQan) 
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the error occurs. In the distorted case, when 
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the error occurs. 





Figure 2.3.1.2.1(b) Signal Space of QPSK (Distorted Case) 
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Then, the probability of the correct decision is 


(A + AA) cos(# a 40 aN S20 


dnd (A + AA) sn(Z = 40) seni) 3423) 


Since the joint probability density function of N, and N, is given by 











x? + y? 
1 ca < 
P(x, = Uae Die el A 
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then, the probability of errors is given by 
Pre le — ir is P(x, y) dx dy (235.1227 5) 
where 
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b=A\1 + 2 = A8@+sin A® 2.3; VI2E6. 
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[cos A® — sin A@] 
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[cos A® + sin A6]. (22:8) 
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In the ideal case where AA = AO = O, 


rol fi) —tfoe(6)] 


= erf 2 : Dineen AP) 
rfc i Crsale 29) 


Since the error probability for an ideal BPSK case is given, from Equation 
2.3.1.1.4 with AA = 0 and A6 = 0, by 


l GC 
P,= tee |2(S)) > (A Ne210) 


the difference between the BPSK and QPSK errors (ideal cases) is factor 1/2 
before the error function and factor 2 attached to (C/N) for the BPSK case. 

Since the error function erfc (Z) very quickly decreases when Z increases, the 
factor difference 1/2 before the erfc (Z) is very easily compensated by increasing 
the value of (C/N) by a very small amount. In order to obtain the same P, in 
the BPSK and QPSK, the (C/N) value of the QPSK must be approximately 3 dB 
larger than that of the BPSK for the same symbol rate T~!. 


n 


Note that, from Section 5.6.1 of Volume I, the power spectra of the BPSK 
and QPSK are equal as far as T is equal in both cases. Therefore, the QPSK 
can transmit double information with the same frequency bandwidth and with 
approximately 3 dB more power (compared with BPSK). 

However, in practice, because of modem impairments, intersymbol interfer- 
ence degradation, nonlinear effects, etc., the QPSK needs better (C/N) than the 
ideal 3 dB explained above. This is explained in later sections. 


2.3.1.3 Octal and Higher Order PSK Case 


The cases of the BPSK and QPSK are especially simple for the evaluation of 
error probabilities, since these cases are essentially single integrals of Gaussian 
functions as seen from Equations 2.3.1.1.4 and 2.3.1.2.6. 

But, in the octal or higher order PSK cases, double integrals must be evaluated 
as explained in the following. For example, in an ideal octal PSK signal, the 
error probability is given by 


(z) 
x sin (x—A)? + y? 


(?) eS 
ana e ag 135) o il) 


2707 
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= sin( 
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Figure 2.3.1.3.1 Signal Space of OPSK 


Let us modify this further as 
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The explicit solution of this integral is not simple but the following approximation 
can be done in most practical cases. 
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Let us start from Equation 2.3.1.3.1, which can be rewritten as 
Coals: 
ar Bere? | Huta 
‘A 56 SiN) o 
pu) a 
Wi ee | =e = Ux Gye (223. Ne325) 
Tal) 7 
2% ‘SIDI == 
8 
Using the polar coordinate transformation 
x = rcos 8 
y =rsin 90 (2,3.1.3.4) 
then, 
8 ] = ; (4) sin? 0 
| ee a We = z 
: Lat ‘ 
s 
(- - Acoso) 1 
a i 
[oes 
hee rdr = oe 
rs 
TYAN % ie 
== (4) sin?0 255 
@. re d r +—cos 6] e dr 
COS) O) 
< RY = r 
8 —-|- in?6 atic 
Be ae ety ae a0 | To 2dr 
om 
She ICOS0 
8 
3B i oo 
8 1 -£(4) sin?0 / A | 1 
be ONY = |\cos 0 — 
V2T 5 (2) 27 
pe a mCOSIO) 
8 
: ma, 
e ar = 1 = ead 
: 1(A 
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In the last integral of this result, when @ changes from — 77/8 to 77/8, 


1 A 1 A 
1 - sere 4 cos(2) ) =1- 5 ete 4 cos o) = sere(4) . 


(2-331-326) 


Therefore, P, is smaller than 


pe fs afta) tl 


A 
~ erfe (2 sin (=) (2.3.1.37) 
Oo 8 
since, in most practical cases,’ 
1 [A\? 
heen 
ee (nl | \ ee oe eee (2.341.3:8) 
o 8 8 oO 
and larger than 


ped le eee (2 (2) [ee 


A 
~ erfe (2 sin (=) 34130) 
o 8 
because, in most practical cases, 


1 ANG 
7 eer Wh 
ete tle eee ee , erfc| — cos Ne 2-31-3510) 
o 8 8 o 8 


Thus, in most practical cases, 


P, = erfc (2 sin (=) 
o 8 


(5G) eam 


‘This means that the error probabilities are small enough, so that the communication may be 
possible in practice. 


I 
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2.3.1.4 L-ary PSK Case 


Using a similar approach, the error probabilities of L-ary PSK is given by 
(approximately),’ 


LU CE 
Pie sete} : sin(2 so) 
+ yerfe| A284 sin(2 + so) 
y) o EL 
= sene{ J2(S) 2(E ;) (i+ ) sin(2 = so) 
+ 5 ert { J2(5) ( i+ [P) (2 sin( = ae so)} (253.41) 


"Also, this approximation is only valid when the error probabilities are small (i.e., practically 
usable). 


© 
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Figure 2.3.1.4.1 Signal Space of L-ary PSK 
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2.3.2 Effects of Filters (Intersymbol Interferences) 


The following analyses the effects of intersymbol interferences in linear channel 
and then the next section shows how the intersymbol interference effects are 
modified by nonlinear devices. 
The last section explains how thermal noise can cause symbol errors. 
Represent the ideal PSK signal (not filtered) by 


ej(t) = A eltortioo+ie 
l 





= A eloti® S vat—kT)e!* (23.2.1) 
k=-<x 
where 
V(t) = 1 |r| < if 
= 1, <5 
= 0 elsewhere. Car) 


T is the symbol time period (1/T is the symbol rate). Because of the square wave 
form of V(t) defined by Equation 2.3.2.2, the envelope of e,(t) is a constant A, 
Lar 


le, =A: (2.3.2.3) 
, is the random phase variable in the k-th symbol period, (kT — 7/2, kT + 
T/2) and takes four values for QPSK cases as 


tees (2.3.2.4 
fe Sie ae) 








T 
b= 7° 


It is also assumed that all ¢,’s are statistically independent. This assumption is 
valid from a practical point of view if a good bit sequence scrambler is used. 

It is also very important to maintain this randomness to make sure (as described 
in later Sections) that the carrier and bit recoveries work and that the power 
spectrum of the PSK signal is smoothly distributed. This is important from an 
interference point of view. Since the PSK signal spectrum is very much spread 
as described in later Sections, some filters require cutting the sidelobes off. The 
output of the modem /F filters (F,) is 


eg(t) = Ael**® 5’ sit—kT)e!** (2737215) 
k=-x 
where S(t) is given by 


S(t) = fe V(t)h,(t — x) dx (253.2.0) 
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and is a complex function of ¢ in general (if the filter is not symmetric around 
the carrier frequency f,). h,(t) is the low pass analog impulse response of filter 
F,. Note here that the analysis in this Section can be applied to any filter other 
than F;. 

In the ideal PSK of Equation 2.3.2.1, the window function is confined to each 
symbol period and it never interacts with the other symbols or square waves. 
Therefore, it is called ‘‘intersymbol interference free.”’ 

However, after the filter F,, the pulse S(¢) is no longer confined to the symbol 
period (—7/2, T/2) and spreads into adjacent symbol intervals, which creates 
effects of intersymbol interferences. Because of this invasion of the skirt of 
adjacent pulses, the degradation of the error probabilities occurs. Note that the 
intersymbol interference itself does not cause any error in the phase detection 
of the PSK signal at the demodulator in normal cases, if there is no thermal 
noise (or other types of interference). 

e/** in Equation 2.3.2.1 can be shown in complex coordinate as in Figure 
2.3.2.1. In a symbol period, the phase of V(t — kT) ef % stays at one of P,, Po, 
P, and P, and the amplitude stays at a constant amplitude for the ideal QPSK 
case. However, for the complex signal after the filter, 


Ss) S(t—kT)e7* (233,27) 
in a symbol period, e.g., (kT —T/2, kT + T/2), the invasion of the other pulses 
into this interval makes the phase and amplitude of this signal variable dependent 
on the random values of the adjacent 6,(/4k) as shown in Figure 2.3.2.2. In 
case the amplitude of the vector becomes smaller or the phase drifts from 45° 
(with the amplitude staying the same or decreasing for the case of P,), the 
thermal noise (or the interferences) gives worse error probabilities than an ideal 
case. Therefore, the effect of the intersymbol interferences on the sampled values 
of the received signals at the demodulator must be minimized. Thus, the theory 
of Nyquist has been established [11]. 

In Section 3.2.1 of Volume I, the Nyquist condition is analyzed, and the way 
by which to obtain the effects of intersymbol interference on the error probabilities 
of a QPSK signal is shown here, since the Nyquist condition is never satisfied 
in practical cases and, even if it is after F,, the HPA and F, will damage this 
condition. Now, take the real part of Equation 2.3.2.5 so as to make the analysis 
realistic 


Re{eo(t)} = (1 >, [S(t — kT) cos 6, — S;(¢— kT) sin 61) 
k= x 
* COS(Wot + 8) 


- (4 S. [8,(t— kT) sin b, + S;(t — kT) cos 6.) 


k=-c 
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* sin(Wot + 8) 
= x(t) cos(Wot + 9) + A[S,(2) cos do — S,(t) sin bo] Cos(Wot + 8) 
— y(t) sin(wot + 8) — A[S,(2) sin bo + S;(2) cos bo] sin(Wot + 9) 
(233.228) 
where 
S(t) = S,(@) + fj SO | (233-29) 


where 


x(t) =A > [S,(t—kT) cos d, —S,(t— kT) sin ;] 
k= x 


(k¥0) 


yao) =A ; sa [S,.(t — kT) sin 6, + S;(t—kT) cos b,].  (2.3.2.10)" 
(k#0) 
For abbreviation, use the following notations for S,(t— kT) and S;(t— kT), 
S,€= kT) = SOO: Sit—kT) = SP) (2.322: i) 


x(t) and y(t) are called respectively the inphase and quadrature components. The 
k-th terms of x(t) and y(t) take the following values, according to the values of 


Ox; Kees 


(i) 
dy = w/4, 1/2 (SP — SP) = hY for x 
Lind (SO + SO) = ho for y. 
(ii) 
b, = 3/4a, —1/V2 (S® + S®) = — h® _ for x. 
V2 (-S® + S®) = — h® — fory. 
(iii) 
db = 5/4m, 1/V2 (-S® + S®) = — h® 
V2 SN SO) 


*x(t) and y(t) give the intersymbol interferences to the sampled value of 0-th time interval 
(Sy 1D). 
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(iv) 
b, = T/Am, 1/2 (S® + S®) = h® 
1/2 (SO = S®) = A (Dade2e b2) 
In other terms, it is assumed here that (x, y) can take the following pairs 


(h®, h®), (—A®, —A®), (—AM, —hA®) and (h®, h\) (2.3.2.13) 


and they occur independently with equal probability. 

At the demodulation of ground terminal, x(t) and y(¢) are detected and sampled 
in each symbol interval. The sampling point of each symbol interval is decided 
so that the error probability may become the smallest possible, but it usually 
happens around the center point (t = kT).' In order to obtain the joint probability 
density function of x and y, the characteristic function of x and y excluding the 
value for k = 0 will be first analyzed at a sampling time of ¢ in 


roe) 


I] exp[ju(S® cos ob, 


(k#0) 


CON Ee ho F| 
co) 


— §® sin 6,)A + jv(S® sin b, + S\ cos al] 


ie A 
II cos (Ss OS 559) 


k=-o WD 
(KAO) 
A A 
iy SAE RO) wpe eo oe 
cos( we! Soe (2.3.2.14) 


At the demodulator, in addition to the distorted signal of Equation 2.3.2.5, 
thermal noise exists. The input to the receiver is 


ye a S(t) ei%o 


EAC Sickie * 
k=-c 
(k#0) 


+ (pelt? (2.3.2.15) 


*It is assumed here that the group delay of the filter is normalized to be zero at the center frequency 
of the passband of the filter. 
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and Equation 2.3.2.8 becomes 
[A(S© cos bo — S sin bo)] cos(@ot + 9) 
— [A(S® sin bg + S cos bo)] sin(wot + 9) 
+ (x +N.) cos(Wot + 8) 
— (y+N,) sin(@ot + 9). (2-3-2106) 
At the demodulator output, x + N, + A (S® cos bo — S® sin b) and y + 


Ns + A(Ssin by + Scos do) are respectively detected and, from them, the 


value of ¢, is determined in each symbol period after the sampling. The char- 
acteristic function of NV. and N, is given by 


TH a4 2 
—~ (Wty 
me ) 


23 2512) 


CuGe, Wine Ee ae e 
N 


where o% is the average power of N, or N, or that of 
N, COS Wot — N, sin Wot. (2,322.18) 
Thus, the characteristic function of x + N, and y + N, is given by 
C(u, v) = C,(u, v) Cy(u, v) 


oN 
— — (u*+ Vv?) 20 A A 
= 2 k k 
=e Ue cos siesta 
k=—o V/2 AV) 


(k#0) 


-cos( =F us + vs) (2.3.2.19) 
Ueto! iiheal. sonee 
The error probabilities when the signal point is located at Py, P,, P, and P3 are 
all the same since the effects of the thermal noise and intersymbol interferences 
have all the same distribution at any point. Therefore, let us assume that the 
signal point is located at P, 1.e., 


So — § SO + §O 
Vi ? Eonar (aoa) 


Represent the probability density function of X(= x + Nc) and Y(= y + Ns) 
by P(X, Y). Then, the error probability in which the wrong symbols are obtained, 
when the signal of the first quadrant (Ah{), Ah) is sent from the transmitter, 
is given by 


(Ah, Ah®) = (4 


posts i | PO Ae er ov Ol) 
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Quadrature Component 


Intersymbol Interference 





Inphase Component 


Figure 2.3.2.3. Signal Space Modification Due to Thermal Noise and Intersymbol In- 
terference 


Using the characteristic function of X and Y given by Equation 2.3.2.19, the 
above equation can be rewritten as 


ee ee ae 
op ar si | I i. i 


oN 
——(ur+v?) © A A 
ge I] cos( 4 Ss 4, 5) 





See EB v2 
(k#0) 
A 
cos( - Vii Uae sr 7 
pe Sy Ane ae dae at (27322222) 


The straightforward integral of Equation 2.3.2.22 is very difficult to evaluate 
and there are several ways to evaluate it up to now. One way is to do it by 
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expanding the characteristic functions C(u,v) by a power series of u and v, and 
other ones are to obtain the bound of P, by simple representations [12, 13, 14]. 


Approach by Power Series Expansion of Characteristic Function 


Expand C,(u, v) of Equation 2.3.2.19 by power series of u and v as 


Cu = DS aia wiv® 523.223) 


k,=0k im 


where an approach to obtain a,, ,, will be mentioned later in this Section. 


Then, 
re, —ju(x—Ah\”) 
P,= a dx du 
1 [ r os uC ; 
aa ape? e ly dv 


2 = 1 wake [pS ~ ox (1) 
' ' , —ju(x—Ah 
x. Sy Ss a : i ree, Mamie Fawr 2 0) 
0. 1? Qi) J0 J = 


k,=0 k= 
(2) 
sé du, [e po OTA een 3.224) 
Use the formula 
1 [aca peste: ee hare aS 
Wee ae e N= a e e/"* du (2:3°2.25) 
N —o 
and define the error function 
al oy 1 
ars : e ax = 5 etic) (2.3..2.26) 
where 
erfc(O) = 1. C233222.1) 
‘The double summation ¥’D' means that the cases k, = 0 and k, = O are excluded in the 


summation. 
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1 Ah (2) 
P= 1 1 — Seto ( eaten alt 
Z On 2 On 


1 
i y a Tk, ky aa 

















k,=0 k,=0 
Li [Ete OY} 
xh 
xn Pil »- aE) 
; E {Foe }] dx dy. (23.228) 


Define the Hermite functions as 
ogee 
= Cine yen oe 
aka = Ah a as ae (32229) 
1 Ah 1 Ah? 
a CLIC + = etic : 

D oO Dy On 
An) (#") 
erfc 
On On 


( 
et l I 


EER at 


- Ah. y AhS? 
| ;, (: _— ax | by ( —~—*} dy. (2.3.2.30) 
0 : On ON nia On 








v 
II 
2 














Using the relation (from Equation 2.3.2.30 and Equation 2.3.2.26) 


| dx, (z) dz 
 _ ;(z) 


= Op 12) (k, > 0) 


erfc(z) (27362231) 


*Tf one of k, or k> is zero, use the definition of Equation 2.2.9 of Volume I for the integrals. 
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sien b Ah 4 1, Ah? 
7h Oe oN an PG Oo 
l Ahy” Ahy” 
oe 4 b_| b_| 
On On 


oe ie —;) ith Ah? 
= 3 », Ok ko (@ yee dx, -1 (- 


k,=0 k=0 On 














(Exclude k; =k, = 0) 


Ahj” 
“on-i(- a (2.3.2.32) 
2 Oy 
There is a convenient recurrence relationship to obtain all the values of ,(z) 
b,41(Z) = no, (zZ) ee, ob, —;(Z) (22382533) 
where 
bo(z) = \/in e 
)(z) = Wr ae: 232734) 


All the other higher order functions 6; can be obtained from the above two 
functions using Equation 2.3.2.33. 

There is also a convenient recurrence relation to obtain dx, .k,- See References 
[41] and [43] for the detailed approach for a, ,,, but the ‘author will explain 
here a simpler case whose approach is fundamentally the same as that of ay, ,. 
Instead of the second dimensional case, the single dimensional case (that cor- 
responds to the binary case) will be shown here. In the binary case where ¢, 
can take only two values, 0 and 7 in Equation 2.3.2.7, the probability of symbol 
errors is given by: 


oe k 
noe eto( 2) Bae ( ae Ba (- ts) (033.235) 
k 


On =! N 


where the coefficients a,’s are given by 


Cia) = H cos(hy u) = >, a, uk (2.3.2.36) 
= k=0 
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where 
A2K+1 = 0 (Ze rey) 
h, = S(to + kT) (CRSr2338) 


where fy is the sampling point in the symbol period (— 7/2, T/2) (which makes 
P, smaller). 


The way to obtain the a,’s is as follows (Section 3.2.1 of Volume I): 


d = ? 
— C,(u) = — >) hy sin(h,u) Tl] cos(h,u) 
du k=1 p=l 

(p#k) 


— II cos(h,u) »S h, tan(h;,u) 
p= il k=1 


— C,(u) >) hy tan(h,u). (2.3.2.39) 
k=1 


Substituting the expansion of Equation 2.3.2.36 into this result, we have 


S ayyes (Qk + 2u2**) = bs at ) 
k=0 k,=0 


HLS bon +1 an) (2.3.2.40) 
ky=0 


where the b,, 1 are given by 


boo) 


bh = apa” (2.3.2.41) 
2 i, 
Vis =, wip ee (2337242) 
k=0 
The »,’s are Bernouli’s numbers. From the above equations, 
k 
ank+2 = 24 Ang, Or(K— ky +1 1L€., 

= 


ay = ay b, = db, (a = 1) 


ago Ao b3 at ay b,. 


(2.3.2.43) 
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Thus, the higher order aj, can be obtained by the lower order a>,, since the 
values of the b,,,,’s are known. 

The QPSK case is more complicated than the BPSK and it is recommended 
to look at References [41] [43] for the recurrence relation for a A numerical 
example of P, versus (C/N) (= A?/2o0%) for a particular filter is shown in Figure 
Zoe a. 
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Figure 2.3.2.4(a) Error Probability of Quaternary PSK System with Fourth-order Che- 
byshev Filter 
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See Reference (87) for Prabhu's Bounds 


Figure 2.3.2.4(b) Error Probability of Quaternary PSK System with Single-Pole RF 
Filter 
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FOR TWO-POLE 
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See Reference (87) for Prabhu's Bounds. 


Figure 2.3.2.4(c) Error Probability of Quaternary PSK System with Double-Pole RF 
Filter 
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FOR THREE-POLE 
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Figure 2.3.2.4(d) Error Probability of Quaternary PSK System with Triple-Pole RF 
Filter 
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2.3.3 Combined Effects of Thermal Noise, Intersymbol Interferences 
and Nonlinear Effects 


For an ideal QPSK signal represented by Equation 2.3.2.1, the amplitude A is 
always constant and the phase of (ft) is also always constant (¢,) in every 
symbol period. At this time instant of kT + T/2, the phase suddenly changes 
into another phase value whose transitional time length is zero, i.e., the phase 
jump from P, to P,, P3 or P, is instantaneous. Therefore, the envelope of e;(t) 
(Equation 2.3.2.1) stays as a constant A. Then, when this ideal PSK signal is 
filtered (e.g., F,), the window function V(t) is modified into s(t) and this in- 
stantaneous phase jump becomes impossible because of the higher frequency 
components cut-off. Thus, the jump from P, to P,, P3 or P, takes some finite 
time length as shown in Figure 2.3.3.1. 

In case the phase change from P, into P; is 7 (180°), the signal vector point 
P moves crossing the neighbor of 0 point, i.e., the envelope |e9(t)| becomes very 
small at the phase transitional time t = kT + T/2. When the phase change from 
P, into P, (or P) is + 7/2, the vector P moves crossing the / coordinate almost 
perpendicularly. Thus, the envelope of the signal |eo(t)| after the filter becomes 
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Figure 2.3.3.1 Phase Jumps of QPSK Signal Space after Filters 
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respectively almost zero at the 7(180°) phase change point and 1/\/2 times 
smaller (3 dB decrease) at the + 7/2 (+90°) phase change point. 

The exact shape of the envelope |eo(t)| also depends on the random phase 
values of the adjacent symbol intervals, i.e., on intersymbol interferences. Be- 
cause of this random fluctuation of the envelope of the PSK signal at the input 
of a nonlinear device (with AM/AM and AM/PM), the output of the nonlinear 
device receives the following distortion. The output of the nonlinear device for 
the input e,(7) is given by 


a cif AE) @9(t) 


AE(t) 


AE(t “3 : 
= a e PAE) A @ Jott 78 5 s(t — kT)e!* (2.3.3.1) 


ow 


where 


EQ) =| > s@¢ — kT)ei*|. (382) 
Because of the nature of the memoryless nonlinearity, the phase and amplitude 
values of Equation 2.3.3.1 are not much affected by the nonlinear device at the 
sampling points, since the sampling points are usually always almost at the peak 
points of the envelope, which are not much changed from symbol interval to 
interval except for the small change due to the intersymbol interferences. First 
the envelope of Equation 2.3.3.1 is changed by a factor g(AE(1))/AE(¢) after the 
nonlinear device and the phase is changed by the factor f(AE(t)). As described 
above, AE(t) does not vary much at each sampling point except for the effects 
of the intersymbol interferences. However, if this signal is passed by another 
filter, the factor 


SAE) | ipazioy 


aa (13533) 


becomes very much distorted and this distorted randomly modulated factor of 
Equation 2.3.3.3 causes much greater degradation to the signal. The output of 
the post-nonlinear filter is given by 


Red Ae ieorti0 | © | BEE)  inazw) 
-«x | AE(x) 


2 62 nem h(t — x) ax} (2.3.3.4)t 


*ha(t) is the lowpass analog impulse response of the post nonlinear filter. 
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If the factor of Equation 2.3.3.3 is constant (a linear case), Equation 2.3.3.4 
becomes the cascaded case of the h; and hy filters. The amplitude and phase 
random modulation due to the factor of Equation 2.3.3.3 causes much more 
degradation than the linear case after an h, filter. This is called ‘‘emphasized 
intersymbol interferences by nonlinear devices and filters.’’ For SCPC/PSK 
signals (64 Kbits/s) and continuous QPSK (1.44 Mbits/s ~ 10 Mbits/s) signals, 
the operating points of the HPA and TWTA are at low levels where the nonlinear 
characteristics are almost linear and the effects of the nonlinear devices can 
usually be ignored. However, for the TDMA signals which usually occupy the 
whole transponder and whose TWTA backoff is usually small (operating at or 
over-driving mode of TWTA in some cases), this type of degradation cannot be 
ignored. 

In C-Band TDMA cases, the out-of-band signal power spectrum spill over 
due to the power spectrum sideband regrowth, because of HPA nonlinearity, is 
important and the input backoff of the HPA must usually be around 10 dB (in 
order to satisfy the CCIR criterion on outband emission). Therefore, in this case, 
only the degradation due to the satellite TWTA is important. However, for some 
K-Band TDMA systems (as in SBS), in order to reduce the ground terminal 
cost, the HPA and TWTA are both operating close to saturating power (the 
TWTA is overdriven in the SBS case) and the degradation caused by the filters 
and the cascaded nonlinear devices (HPA and TWTA) is even larger. Normally, 
this degradation is around 0.5 or 1.5 dB for the former single nonlinear case 
(TWTA only) and 1.5 dB ~ 2.5 dB for the two nonlinear cases (HPA and 
TWTA). 

For the FDM/FM single carrier transmission which operates close to the sat- 
urating point of the HPA or/and TWTA, Section 2.1.1 showed that the filter 
equalization is still possible by adjusting the characteristics of Y“ and of Y& 
(F, and F4) as explained in Equation 2.1.3.19, since the instantaneous operating 
point of the FM signal is not changed very much because the envelope of the 
FM signal is not caused to fluctuate much by filter distortion. However, in the 
TDMA case, as explained in Figure 2.3.3.2, the TDMA signal envelope fluc- 
tuates a lot because of filter distortion. An analysis similar to that used when 
Equation 2.1.3.19 is derived is no longer applicable. 

This is the reason why transmission analysis for a TDMA signal through 
cascaded filters and nonlinear devices (see Figure 2.1) is extremely difficult. 
For this purpose, a computer simulation is used, in which the random symbol 
pulse sequence is generated by the computer and the nonlinear characteristics 
and filter effects (convolution of h(t) or Fourier-transform in frequency domain) 
are calculated. Figure 2.3.3.4 shows how the scattering diagram of the signal 
vector is obtained after the whole chain (F,, HPA, F,, TWTA, F3, F4). 

For each scattered point of Figure 2.3.3.4 due to the filters and nonlinear 
devices, the error probability is analytically calculated for each point considering 
the up- and downlink noises and these error probabilities are averaged. This is 
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Figure 2.3.3.4 Scattered Vector Diagram of QPSK Signal Space Points Due to Inter- 
Symbol Interference and Nonlinear Effects (at the Sampling Points) 


the final averaged error probability. In this way, the nonlinear effects on the 
uplink noise are ignored (all the noise effects are linearly considered).* In order 
to obtain accurate error probabilities, especially in the areas of small value of 
P., the symbol sequence must be long enough, since in the error probability 
calculation, the worst case prevails, and may not happen in a short sequence 
length. Bennedetto established an analytical approach [44] which handles this 
problem analytically but the result is not elegant. 


‘If the uplink noise is created by computer, the nonlinear effects on the uplink noise can be 
considered but the computer uses more time. 
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The effects of intersymbol interferences and nonlinear devices on octal and 
M-ary PSK signals can be analyzed as in Sections 2.3.2 and 2.3.3. 

From the analysis of Section 2.3.1, the error probabilities of the octal or higher 
order PSK signals are larger than for the QPSK (or BPSK) with the same thermal 
noise. Similarly, the octal PSK or higher order PSK signals are weaker than 
QPSK (or OPSK) against the intersymbol interferences and against nonlinearities. 
Although M-ary PSK signals (MV = 8) are more complicated with thermal noise, 
intersymbol interferences and nonlinearities, since they are very similar to QPSK 
signal cases, they are not analyzed in this book. 


2.3.4 Transmission of Staggered QPSK and MSK Signals 


As explained in Section 4.3 of Volume I, the ideal staggered QPSK and MSK 
can be represented as: 


e(t) = os Sin (Wot) S Gps — 11) 


ee, 


A = (i 
4 Vi COS (Wo) sy b(t ae if ee t) 


n=-<x 


A 
Va sin (Wot) x(t) + cos (Wof) (i = ry (2.3.4.1) 


where 


jf 
Pe Vhs 
2 
s(t) = VQ) = T (2.3.4.2) 
OF lA 
2 
for the staggered QPSK and 
T P 
cos(=. ) ateelal ; 
s(t) = T (2.3.4.3) 
0 , |¢| = oY 


for MSK. 
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a, and b,, take +1 independently with equal probability of 1/2. From Equation 
Pigeye: We i 


x 


= era 6th nn) 


n=—x 


nO) = Da b, s(t — nT). (2.3.4.4) 


n=—% 


Rewrite Equation 2.3.4.1 as 
e(t) = B sin{wot + d(H} (73e4e5) 
where 


B =A _ for QPSK 


B= = for MSK. (2.3.4.6) 
At the transmitter modulator, two bit streams x(t) and y(t — 7/2) are created 
and B sin(@ot) and B cos(wot) are multiplied, respectively, to x(t) and y(t — 
T/2). Then, e(t) goes through a filter for the band limitation. 

At the receiving side demodulator, cos(wof) and sin(w ft) are first recovered 
and multiplied to e(t). Thus, x(t) and y(t) are recovered (see Section 4.3.4 of 
Volume I). 

As explained in Section 4.3 of Volume I, in this case, b(t) of Equation 2.3.4.5 
of Volume II can change only +90° at a time. In the conventional QPSK, (tf) 
can change = 90° or 180° att = nf + 7/2 =10; +1,-. . .). But, in these 
systems, when & changes 180° from ¢t = nT + T/2 tot = (n+1)T + 7/2, 6 
changes first +90° from t = nT + T/2 tot = nT + T and then changes again 
+90° from t = nT + T tot = (n+1)T + 7/2 so that it finally changes to 
180° after T is passed. 

Therefore, 180° phase changes never occur in these systems and thus the 
amplitude fluctuation of these signals due to filtering becomes at most 3 dB (see 
Section 4.3 of Volume I). This helps the transmission of these signals through 
nonlinear devices with AM/PM conversion as explained in Section 4.3 of Volume I. 

In linear transmission channels, the performances of these signal transmissions 
are similar to those of the conventional systems, as long as the carrier and bit 
synchronizations are properly done, 1.e., x(t) and y(t) are correctly recovered. 
Since there are some difficulties in carrier recovery of these systems, the fol- 
lowing will cover the subject. 


2.3.4.1 MSK Signal 


As explained in Section 4.3.5 of Volume I, when the phase of a conventional 
QPSK signal changes as 0, + 90° or 180°, the phase of this system always 
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Figure 2.3.4.1.1 Signal Space Diagram for MSK (Phase and Amplitude Transition) 


moves only + 90° at the same speed, as shown in Figure 2.3.4.1.1. Therefore, 
the instantaneous frequency of this signal is always fg + 1/2T. 

Thus the carrier frequency always becomes fy + 1/27. 

In such a case, making e*(¢) by a nonlinear device and taking 4 fy components 
does not create the carrier frequency fp but creates 4 (fo + 1/27). 

Therefore, the carrier recovery becomes more difficult. One way of solving 
this problem is as follows. First, obtain 4 (fo + 1/27) components through a 
nonlinear device plus filters and pass these two components through a mixer to 
obtain 8 fo (=4 fo + 4/2T + 4 fo — 4/2T). The bit recovery cannot be achieved 
through the conventional approach which is the amplitude fluctuation detection 
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produced by the band width limitation,” since the MSK signal amplitude fluc- 
tuation is not large because there is only + 90° phase at a time and the power 
spectrum spread is much less than that of the conventional QPSK (it decreases 
with f~* in this case instead of f~* in the conventional QPSK), which produces 
less amplitude fluctuations due to filters. 


2.3.4.2 Staggered QPSK 


In the ideal staggered QPSK, the phase change occurs instantaneously and there- 
fore the conventional carrier recovery approach can be applied without any 
problem. However, after it is passed through the bandwidth limitation filters 
(transmission bandlimitation filter at the transmission side and noise cut filter at 
the receiving side), the wave form V(f) is distorted and is no longer a square 
wave shape. As explained in Section 4.3.4 of Volume I, when the signal point 
moves from P, to P, (or P,), or from P, to P3, it takes a finite time (approximately 
7/2). Thus, a phenomenon similar to the MSK case discussed in the preceding 
section occurs,* although the carrier frequency does not become exactly (fo + 
VOT). 

Using the mixer for the two components 4 fy + 4/2T to obtain 8 fy becomes 
less efficient since the carrier frequency does not take exactly (fo + 1/2T). 


2.3.5 Transmission of Differential PSK Signals 


The recovered carriers at the PSK demodulator sometimes suffer from the so- 
called cycle skipping, especially when the carrier-to-noise power ratio is low. 
This is essentially the same phenomenon as that of the click noise explained in 
Section 2.1.5 where the carrier phase jumps suddenly + 27 (+ 360°). 

Since the recovered carrier has a frequency 4 fo after the phase modulation 
elimination and before the frequency division into fo, this phase change of + 27 
gives + 7/2 (+ 90°) after the frequency division into fo, which is needed for 
the demodulation of the QPSK signal into the inphase and quadrature compo- 
nents. This sudden change of the recovered carrier phase (+ 90°) generates a 
type of errors in which one of the J and Q streams becomes erroneous after the 
phase jump, as can easily be seen. This phenomenon is called ‘‘phase ambi- 
guity.”’ 

One of the ways to avoid this problem is to use the so-called differential 
encoding in which the difference between the adjacent bits in the bit streams 
carries the information, i.e., whether a, and a,,,; (nm = 0, 1, +2, .. .) (or 


*Rigorously speaking, it should be said that it becomes harder to obtain the bit synchronization 
practically in this case. 


*In this case, some carrier frequency component always exists (if the randomness of the symbol 
sequence is good enough), although it is not so in a MSK case. 
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b, and b,,,,) have the same sign or not is important (the signs of a, and a, 5; 
themselves are not important). For example, if a, and a,,,, have the same signs, 
+1 is sent and if not, — 1 is sent. In this differential encoding system, the errors 
caused by the produced phase ambiguity (by the click noise of the recovered 
carrier) do not propagate after this error. However, in this system, once an error 
happens, two bit contiguous errors always occur. This reduces coding efficiency 
very much in many cases. But this system is robust against the phase ambiguity 
problem and has been used in some applications. This differentially encoded 
PSK signal can obviously be demodulated by coherent PSK demodulators (with 
carrier recovery). However, there is another convenient demodulation scheme 
for this system, i.e. differential PSK demodulation (DPSK), which will be ana- 
lyzed in the following. 

When the received PSK carrier suffers from low frequency phase noise, the 
conventional PSK demodulation system is not good in low bit rate signal trans- 
mission. A typical case is satellite communication where the local oscillator for 
the uplink and downlink frequency conversion has a large amount of low fre- 
quency phase noise. 

Suppose that a PSK signal has a phase noise whose power spectrum is given 
by Figure 2.3.5.1 which is a typical satellite communication case. Ignoring 
temporarily thermal noise, represent the PSK signal by 


A sin(@pt + (ft) + 8(f)) Cea 1)) 


where ¢ is the phase modulation and 0(f) is the phase noise of Figure 2.3.5.1. 
Then the recovered carrier can be represented as 


B sin(@ot + 8,(4) or B cos(wot + 8,(2)) PAS Sen.) 


where 6,(t) is the phase noise whose power spectrum is that of 6(t) except for 
the fact that the components between fy — f, and fo + f; are eliminated. (fo — fi. 
fo + fi) is the narrow band of the carrier recovery circuit (to cut the noise 
components and decrease the click noise or phase noise). Thus, the demodulated 
inphase and quadrature components of the signal are 


A cos(o(t) + @(t) — 8,(2)), 


A sin(b(t) + O() — 8,(A). (2.3:5:3) 


The power spectrum of @(t) — 6,(t) is given by Figure 2.3.5.2 where the 
components of 0(¢) in Figure 2.3.5.1 inside (fo — f,, fo — f;) are eliminated as 
shown in Figure 2.3.5.2. When the bit rate is higher, the power of the phase 
noise O(t) — 6,(t) becomes smaller and, when it is lower, the power becomes 
larger (the smaller the bit rate, the smaller f, becomes). When the power spectrum 
of 0(¢) is given by Figure 2.3.5.1, if the bit rate is 500 bits/sec and f, = 10 Hz, 
for example, the power of [6(t) — 0,(t)] becomes a large number, which causes 
serious degradation to the signal. In order to avoid this problem, the DPSK 
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Figure 2.3.5.2 Power Spectrum Density of Phase Noise, [6(t) — 9,(¢)] 
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demodulation for the differential encoded PSK signals or FSK systems are rec- 
ommended for low bit rate transmission. Although the incoherent FSK signals 
(see Section 2.1.6) are very strong against the phase noise, as easily seen, and 
the demodulation scheme is simpler than the DPSK demodulation, the (C/N) 
value required for the FSK is 3 dB higher than the DPSK demodulation case as 
explained in the following. Therefore, from the power saving point of view, 
which is important in satellite communications, the DPSK demodulation is better, 
although the demodulation scheme becomes more complicated for the DPSK 
case. 

The following analyses the DPSK demodulation case with a phase noise. As 
is well known [3], the FSK and DPSK demodulations are analytically related 
and therefore offer an interesting analysis. 

Representing the differentially encoded BPSK signal (only the BPSK case is 
analyzed here for simplicity’s sake) by 


e(t) = A cos{wot + H(t) + OH} 
+ N.(t) cos(@ot) — N,(t) sin (of) (@Gers4) 


where (tf) is the phase modulation (takes o or 7) and @(f) is the phase noise. 

In the DPSK demodulation systems, the signal e(t) time-delayed by T is 
multiplied by e(¢). Then, the low pass filter eliminates the 2 fy component without 
distorting the low frequency component. For simplicity’s sake, look at the case 
with no thermal and no phase noise. Then, 


2 
e(the(t — T) = + COS {MoT + b(t) — b(t — T)} 


AZ 
see COS{2Wof — WoT + H(t) + b(t — T)} (2.3.5.5) 


after the low pass filter, this becomes 


AZ 
eo(t) = (<) cos{weT + o(t) — b(t — TY}. (2.3.5.6) 
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Figure 2.3.5.3 DPSK Receiver Block Diagram 
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If b(t) and b(t — T) are in equal phase, 


Az 
€(t) = (<) COS (Wf) (2.32537) 
and if b(t) and b(t — T) are in different phase, 
AZ 
€o(t) = — am COS (Wof). (2.3.5.8) 
Since the noise, interferences and phase noise exist in practice, it is obvious that 
wT = ntl fy = — (355 
= nT i REO 
Y pale vii ) 


should be chosen. In such a case, 


2 
€9(t) (2 (— 1)” for same (ft) and b(t — T) 


a 


= (+) C= by for ditterent O@) and o(— 1). (2:3,5.10) 
Thus, the differential phase demodulation becomes possible. 

The choice of fo = n(2T)~! at the ground terminal is useless in satellite 
communications, since the local oscillator frequency of satellite for the uplink 
and downlink frequency conversion drifts very much (+ 15 KHz), so that it is 
almost impossible to maintain the relation of fo = n(2T)~'. Therefore, some 
method to make fy = n(2T) 7! at the receiving ground terminal must be created. 
Since one can choose fo = (2n)(2T)~' (i.e., n is even in Equation 2.3.5.9) 
without deviating from any theoretical general rule, factor (— 1)” of Equation 
2.3.5.10 is taken away in the following analysis. 

Rewrite e(t) as 


e(t) = Re {(x, + jy,)e/°} (2.3.5.11) 
where 
x(t) = A cos{o(t) + O()} + NO) 
y() = A sin{d(t) + @(2)} + N,(2) (235412) 
et = T) = RetGp + jy,)eree ™} (2.3.5.13) 
where 
pou etn et) 


ll 


Via ir) 2375:14) 
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Let us obtain 


GAGE = IM): (orl) 
Using the formula 
I 
Re(a) Re(b) = 5 Retab* + ab}. (25375416) 
If 
B= TO tye 
b = (x + jyn)elout-D (35547) 
l 
e(the(t — T) = 5 Retab* + ab}. (2:35.18) 


Since ab is the component of 2 @gf, eo(t) does not include it, i.e., 


; ; } 
eo(t) = 5 Rete + Jy 2 — J¥a)t 


| 
= 5 1%2 + yj, yp). (23-319) 
Thus, the probability of errors, when $(f) and (t — T) take the same phases, 
is given by 
PS") = Prob{(x,x2 + yiy2) <0| d() - o(¢ — T) = O}. (2.325220) 
Similarly, the probability of errors of the different (1) and d(t — T) values is. 
given by 
PS? = Prob{(x,%) + yy.) > 0| 6@ — o¢ — T) = erty OLB onl) 
To make the analysis simpler, the following coordinate transformation is used 
here. 

















dig as 

Sake oe wg ie 
de ‘ 

= aN ie as 
a3 Y, ae Y>, 1? Y, a Y> 
Jy ye ney ia 
XxX mae Xx = Xo» 

xi = = il x= Pane (2.3.9:22) 
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Then, 
Pe”) = Prob{(X? + Yi) < ? + ¥2)|o@ — @-T) = 0} 
Poy > FroWCG a ¥5) bO@) 60 = eal. 
C8223) 


Assuming that b(t) — b(t — T) = O and db(f) — b(t — T) = +7 occur with 
equal probabilities 1/2, the average error probability is given by 
1 


1 
P, = SPL) + SPO. (2.3.5.24) 


The following shows that (X,; — X,), (X¥, — X>), (Y, — Y,) and (Y, — Y,) are 
all mutually independent zero-mean Gaussian processes and 


CG =) = Vy =o 


aes} 


(X_ = X,)? = CG t= Ye = os 
(a, # GO»). Qisron2>) 


Also, X,, Y,, X> and Y, change with o(f) — o(t — T) = 0 or +7 where the 
notation ~ means the average. 
Define A, and A, as 


A, [&0? + (¥,)2 


A, 


2)? + (Y,)?. (2.3.5.26) 


Note that A, and A, change with (ft) — o(t — T) = Oor +7. 

Therefore, from Equation 2.3.5.23 and from the above facts, this system is 
equivalent to an incoherent FSK system as shown by Figure 2.1.5 of Volume I 
where the signal amplitudes of A, and A, are given by the above equation and 
the noise power after the filters I and II are respectively o{ and 03 given above. 

Therefore, P‘*) and PS”? are given by Equation 2.1.82 of Volume I. From 
Equations 2.3.5.12, 2.3.5.14, and 2.3.5.22 of Volume II, 


+A 
Xa ve [cos’0@) cos 0G — 7)]; 
= SEA 2, . 
a= we [sin 0(t) + sin O(¢ — T)], 
r= +A 
X= a [cos G@u—scos (= 7), 
pecs coche in O(¢ — T)] (25.27) 
= =e (i eI. 
; Ui [sin 0(f) sin 


118 Transmission Impairments: Single Carrier Transmission Analysis 


for b(t) — b(t — T) = O (same phase) 





X,; = Va COS" (G) pee COSEO (Cate unl))|- 
= Ayal ee 
Y,= Va {sin O(n — sin 6G 2)))|e 
X= AVA [cos 0(t) + cos O(t — T)], 
Y= 3 [sin 0(t) + sin O(¢t — T)} (2:3.5228) 
for b(t) — b(t — T) = +7 (different phase) 
a. (= T a NAC) EN Goa 
sees ea ee 
= = Nb 7 - NADe= Nita 2) 
XG ames Xe = N.(t) as ) Nes = Y; = a 
(2.345129) 
Therefore, 
of = (Ry) + Ry(T)) 
a3 = (Ry(0) — Ry(T)) (2.3.5.30) 
where 
Ry(t) = NON (t + T) = NON,(t + T). (2255595)) 
Using 
NAGYN.@) = NOC TN. Pe =0 (255752352) 
and 
NAQNG =) = NAGE OLN), =O (Z.3.9539) 


where it is assumed that the power spectrum of the DPSK thermal noise given 

by Equation 2.3.5.4 is symmetric around fo (to satisfy Equation Oo25.98), 
Since P{*) and P{~) are symmetric to each other in the analysis, P‘*) is first 

obtained. Note here that a? and of do not change with (1) — OC a=v0 
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or +7 and that A, and A, become different as seen from Equations 2.3.5.27 


and 2.3.5:28, 1.€., 
; A 
A, = A[l + cos A@]* = V2A|Icos =: 











ft 

A, = All’ = cos AG)" = V/2A sn( 52) (2.38504) 

for (t) — b(t — T) = 0 (same phase) 

where 
=! O(7) = 1O@e— afl) (2035335) 
Bin 2A sn( 2) 
2 

At SA cos(42)| (2.3.5.36) 





for b(t) — o(t — T) = +7 (different phase). 


Thus, using the formula of Equation 2.1.82 of Volume I, 


(e 
lee Hebel (Ge 
pi) = sf a fu Io N sin(A@) 


+ o(vs/S #(). vag cos( 22) (2.5.5.3) 


where (C/N) is the carrier-to-noise-power ratio of the DPSK demodulator input, 
ieee 


(A2/2) 
Ry(O) © 


Since, in case of b(t) — b(t — T) = +7 (different phase), A, and A, are 
exchanged and also o?, o are exchanged, the error probability is given by 


Pierro (xe Yt) 5 +4) OW) OG = T) Sota} 
Cc 
-3]1- fot a ‘)a((S) ae 
2 Ry (0) 
+ o(vz,[Ssn(4 sn( a Jv |Sen(* cos( : (2.3.5.39) 


(C/N) = (2.3.5.38) 
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Therefore, 


l 
= a 
Pe 2 e D) e 


Cc 
ya a((§) sn(a0)) 
A6 
ie o( (va [Ssn(4 sn( Jv |Scos(*8 cos( 123.540) 


When there is no phase noise (A®@ = 0) 


(2.3.5.41) 
where the formulas 
I,(0) = 1 
ey 
Q(0,b)=e ? (2.3.5.42) 
were used to obtain Equation 2.3.5.41. 


Compare the result of Equation 2.3.5.41 with that of Equation 2.1.6.11, the 
DPSK demodulation scheme is 3 dB better than that of the FSK case. For the 
small phase noise case 


r= Be) LS a r(*2) 
: (S) sin(ao) (2.3.5.43) 


do = 1 


where 


dy 


Db Ge ee oe 





S; (2.3.5.4) 
giving a good convergence for the computation 
The formula 
G02 ales k 
Q@,b)=e ? » (2 ) I,(ab) (2.3.5.45) 


was used to obtain Equation 2.3.5.43 [3]. 
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The average degradation of P,(A@) is given by 
iP, [ P.(A®) Prob(A8) dé (2.3.5.46) 


where Prob(A®) is the probability density function of A0. 
Figure 2.3.5.4 shows the characteristics of P, (C/N) with and without the 
phase noise. (It is assumed in this case that the phase noise is Gaussian.) 


2.3.6 Transmission of TDMA/PSK Signals 


In TDMA signal transmission, it is important to consider the carrier and bit 
recoveries, the frame identification and phase ambiguity resolution by unique 
words (see Section 4.5 of Volume I), filter distortions and nonlinear distortions 
(or combination of both), etc. As shown in Fig. 2.3.6.1, the TDMA signal 
consists of a repetition of frames. Within a frame, a number of bursts are arranged 
in time division. In Figure 2.3.6.1, the burst ‘1’ comes from the transmitter A, 
the burst ‘2’ comes from the transmitter B, etc. Each burst in most cases is a 
modulated PSK carrier. This TDMA (time division multiple access)/PSK signal 
has some merits in satellite communication transmission. In FDMA (frequency 
division multiple access) cases of satellite communications, a transponder am- 
plifies many modulated carriers together (PSK or FDM/FM carriers). In order 
to utilize the transponder power efficiently, the input power of these PSK and 
FDM/FM signals, etc. should be as close as possible to the transponder saturating 
power in which the signal transmission becomes very nonlinear. Then, as ana- 
lyzed in Chapter 3, the intermodulation products or modulation transfer deteri- 
orate the signal qualities. Therefore, it becomes necessary to reduce the input 
power of the transponder to reduce these effects (increase the transponder back- 
off). If the TDMA systems are used, the saturating power (maximum power) 
of the transponder becomes available without causing any deterioration of these 
signals, since only one burst is amplified at a time. The only disadvantages of 
using such a transponder are 


(i) the transponder antenna or power (HPA) must be larger than the FDMA, 
since the transponder is operated at maximum power and 

(ii) the receiver antenna must be larger, since the transmitted bit rates are much 
higher than those required to send special data or messages. 


For example, in order to transmit only 32 kbits/sec signal from an earth station, 
the bit rate to be transmitted from this station must still be 120 Mbits/sec, for 
example. Accordingly, the disadvantages of the above (i) and (ii) occur. Also, 
the modems become more expensive, since the 32 kbits/sec must be picked from 


the 120 Mbits/sec signal. 
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<— OneFrame ———> <—— OneFrame ——s <¢ One Frame 





Station A Station E StationA Station E Station B 
Station B Station B Station A 


Figure 2.3.6.1 Repetition of Frames of TDMA Signal 


Figure 2.3.6.2 shows the structure of each burst. In TDMA systems, at each 
burst, the carrier and bit timing must be recovered. Therefore, the carrier recovery 
and bit timing recovery filters have much wider bandwidths than those of the 
continuous mode PSK cases (see Sections 4.5.1 and 4.5.2 of Volume I), in 
which the PSK signal is continuously sent from the transmitter and where there 
is no need for quick carrier and bit timing recoveries at each burst. Because of 
these wider carrier and bit timing recovery filters, the phase ambiguity resolution 
(if the absolute encoding is used) becomes very important (see Section 4.5 of 
Volume I), since the signal-to-noise-power ratios after these filters are much 
lower than those of the continuous mode PSK signal cases. For example, in the 
Intelsat TDMA/PSK system, the carrier recovery filter bandwidth is almost 700 
kHz (the symbol rate of QPSK signal is 60 M bauds/sec). Since the signal 
bandwidth of this case is approximately 1.1 x 60 MHz, the improvement of 
the carrier-to-noise-power ratio of the carrier recovery case is 10 logy) (1.1 xX 
60 x 10/700) = 19.7 dB. 

Normally, the signal-carrier-to-noise ratio is about 17 dB and there is a 12 
dB degradation of the (C/N) ratio due to the elimination of the phase modulation 
(for QPSK cases) (see Section 4.5.1 of Volume I). Therefore, (C/N) of the 
output of this carrier recovery filter becomes (C/N) = 17dB + 19.7dB — 
12dB = 24.7dB. 
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Figure 2.3.6.2 Burst Structure of TDMA Signal 
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This result is large enough to keep the occurrences of cycle skipping effects 
small enough, even under fading. Thus, the first portion of each burst (7, period) 
(e.g., 48 symbol period) is unmodulated, which helps the carrier recovery, since 
the carrier component takes the maximum level in comparison with that of the 
modulated case. JT. must be long enough so that the carrier is recovered almost 
completely at the end of T.. Next, in the period of T, (e.g., 128 symbols), the 
carrier is modulated by 180° so that the bit recovery is most efficiently done and 
a fairly good amount of carrier components still exists. As explained in Section 
4.5 of Volume I, the bit recovery is usually done by detecting the amplitude of 
the modulated carrier which receives the largest modulation when the 180° phase 
changes occur. If the receiver is modulated by 180°, the carrier component still 
exists, although the level is smaller than that of the modulated carrier, since the 
power decreases because of the amplitude modulation due to filters. In the third 
period of T,,, the unique words are arranged, which tell when the data frame 
portion started in the demodulation and resolve the phase ambiguity caused by 
the recovered carrier. The phase ambiguity resolution is only important for the 
absolutely encoded cases as explained in Section 4.5 of Volume I. After all these 
are done, in the 7, period, the data bits are filled. In this period, it is very 
important for the transmitter to use a good scrambler so that no modulation bit 
patterns or 90° phase change patterns continue for a long time (the former is 
harmful for the bit recovery and the latter is harmful for the carrier recovery) 
(see Section 4.5 of Volume I). 


2.4 ANALOG HYBRID MODULATION 


In Figure 2.4.1, (ft) is the source signal which must be transmitted to the 
other station. F, is a low pass filter to cut excess higher frequency components 
to avoid the interference into other signals. L is a linear circuit to give a mod- 
ulation gain of this system. go is the gain amplification (or less) that gives 
modulation sensitivity to the modulator. Since the effect of F, is trivial for 
analytical purposes, the author starts from ’, the output of F,. The conversion 
from 6” to b®) is a linear operation (this operation is L) and it is easy to achieve 
this conversion. In FM signals, the transfer function of L is Gf) ' Qa f dt in 
time domain), i.e., the conversion from the frequency to the phase. go is the 
gain to adjust the modulation sensitivity. In FM cases, it is the modulation index 
or the frequency deviation. In the modulator, using this input 6° (or gob), 
the inphase and quadrature components respectively are produced as 


I(b) cos(@pt + 8) 
and 


+ Q(b) sin(wot + 9). (2.4.1) 
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Thus, the output of the modulator is given by 


eS) = 1(b%) cos(@pt + 6) 


+ Q(b) sin(wot + 8) (2.4.2) 


where Wg is the angular frequency of the r.f. carrier and 0 is an arbitrary phase. 
If there is no thermal noise and HPA + satellite is a linear channel, the output 
of the demodulator is 


e(4) = Q(b®), O(6™)) = gob. (24.3) 


In other terms, in the demodulator, / and Q are obtained by recovering cos(@o/) 
and sin(@of) (carrier recovery) as it is done in QPSK cases. The function (2) is 
the inverse function of ([(6™), O(b®)), as seen from Equations 2.4.1 and 
2.4.3. However, in reality, there are thermal noise interferences, nonlinear effects 
of HPA, and filter distortions in transmission. 

First, for simplicity’s sake, assume that there is only thermal noise in trans- 
mission channel. Then, the input to the demodulator is 


e? = [1(b) + N,] cos(wot + 8) 
+ [0°(6®) + N,] cos(@pt + 8). (2.4.4) 
Then, the output of the demodulator is given by 
e = OU) + No, OY) + NJ) 
= 16), Q(6™)) - 
+ AMLH)Ne + NO(QGYN 


= 26° + NON, + AON, (2.4.5)i 
where 
dO(x, 
Ny) = em) 
Ox 
GO) 2 awe (2.4.6) 
dy 
In an FM case, 
Ax,y) = wn-'(2), (2.4.7) 


*It is assumed here that the signal is operating above threshold. 
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Thus, the final demodulated output is given by 
J = g51L-[gob® + DON, + OON,] 
= 6? + go'L[QON, + QON,] (2.4.8) 


where L~! is 1/27 d/dt in time domain (jf in frequency domain) in an FM 
modulation case. 
In an FM case, from Equations 2.4.6 and 2.4.7 using 








1(6®) = A cos gb, O(b) = Asin gd (2.4.9) 
oo —A sin(gob) se — sin(gob™) 
— (A an gob)? + (A sin Bob)? A 
i) Sma We Bee de Re 
(A cos Zoo)? at (A sin 206°)? A : 4. 


In this case, the demodulated output of the Equation is given by 


1 mT 
fl eg AON eat 


Qn dt 
_ | N, cos (gob) — Ne sin(gob) 
A 
Sle gates, Wee Cds Ne iso" 
= £0 5, 80° (t) ee re (2:4 14) 


This result is the same as that of Equation 2.1.5.9 if @ of Equation 2.1.5.9 is 
replaced by go(t). From the above analysis, it can be concluded that: 


(a) The linear circuit L should be chosen in such a way that, after the inverse 
operation L~! in the demodulation process, the noise output gg 'L~! (QYN, 
+ QON,) in Equation 2.4.8 should be suppressed in some frequency com- 
ponents for which the signal is sensitive, and emphasized in other frequency 
components for which the signal is less sensitive. Note here that the signal 
component after the demodulator goes back to the original one (before the 
L operator at the transmitter) because of L~' at the receiver as seen from 
Equation 2.4.3, while the noise component only receives the inverse oper- 
ation L~! (and does not receive L). For example, in an FM case, L is the 
combination of 1/j727mf and of the pre-emphasis circuit (frequency domain), 
where the above analysis should be applied to the pre-emphasis portion. 

(b) go should be of such a size that the transmission bandwidth required is not 
excessive and the carrier power/noise ratio does not fall below threshold 
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because of an excess of bandwidth required due to too large a value of go. 
Note here that the larger g), the more bandwidth is required but the noise 
power in e{” stays the same, since it is cut by the filter F, (above threshold). 
In FM cases, a larger gg corresponds to a larger frequency deviation (linear 
proportional). 

(c) Since the power of OPN, + QON, (Equation 2.4.5) is (OA)? + (A@)7] 
20% (ox is the power of N,(t) or N,(t) or r.f. noise power), if the modulation 
is chosen so that [((Q”)? + (Q®)?] may be small, a noise reduction can 
be obtained. In an FM case, from Equation 2.4.11 (Q®)? + (Q®@)? = 
1/A? which is independent of go. 


The hybrid modulated signals receive some distortions by the filters. Suppose 
the output of the modulator (e(”) is filtered by a filter whose low pass analog 
impulse response is given by h(t). Then, this filtered output is given (in the 
complex form) by: 


g imottjo | MOO) h(t = xd (2.4.12) 


where 
Mb) = 1X) + JOH). (2.4.13) 


In normal operating conditions, the distortion due to filters is small and there- 
fore, Equation 2.4.12 can be represented by 


[) + AD + j(Q(6™) + AQ)]. (2.4.14) 


Note here that the transfer function of the filter is normalized as done in Section 


2.1.1 to make AJ and AQ small. 
If the result of Equation 2.4.14 goes through the demodulator, the output 
e is given in a way similar to Equation 2.4.5 by 


ec) = p® + Q®- AI + O@- AQ. (2.4.15) 


Then, the final output before the low pass filter Fy is given by 
eo = pi?) + Ce Le (OO Kiga OS NO): (2.4.16) 


The similar optimization on go, L and (Q®, ©) explained in the thermal noise 
case can be done in this case. However, note that AJ and AQ are dependent on 
go and L, while N, and N, are not dependent on g and L in the thermal noise 


case. 
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For the nonlinear effects on the hybrid modulated signals, let us see first what 
happens if there is no noise and no filter distortion. In Figure 2.4.1, the output 
of HPA, when the input is given by e$) (in the complex form), is 


3 
Zon= 8u(|(M(>)) e ifuIM())) . ef) 
. IM(b)| 


a M eieot +59 + ifm) (234.17) 


Then, the output of the TWTA is 





e2 = 8r(8u(\MI)) e tfr(gu(\MI)) + if M)) 


|M| 
i: Mejor +i8 
= (yp + jOnp) > et?" * (2.4.18) 
where 
. ; M 
Myp = 27(24(|M1)) . e df gn(\M))) + ifu(IMl) : iM (2.4.19) 
Inp = Re{Myp} 


In order to obtain the undistorted signal after the demodulator, the following 
relation must be satisfied instead of Equation 2.4.3, 


b® Onp Up ? Qyp) 


Ovo), O(b®)) O41) 


where, from Equations 2.4.13 and 2.4.19, the function (1, can be obtained. The 
author relies on readers for this task. Because of the nonlinear devices, the 
demodulator mapping function ( must now be replaced by the new function 
Qy. The effects of the thermal noise and filter distortion can be analyzed using 
this function (, in a way similar to the approaches shown in the linear cases 
above. 


2.5 DIGITAL HYBRID MODULATION 


In the digital hybrid modulation case, the transmission chain is much simpler 
than that of the analog case as shown in Figure 2.5.1. The original signal to be 
sent to other ground terminals is 


ow 


ee Save = kD) (2.5.1) 


k=-x 
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where a, can take +1, i.e., this is a binary sequence. The function of the 
modulation is shown in Figure 2.5.1 Receiving ef given above, it sends out 


ed = Ref > [T(Gyp, App+is » » +> Up+p—1) 
+ jQ(Qup, App#is +++» eal 
-Vp(t — KPT) ei@ot® (25.2) 
where V>(t) is the window-function of Equation 2.3.2.2 whose symbol period 
is now PT. (J,Q) is a mapping function of the random sequence (. . . d_, a_, 
Ag, 41, Az, az...), 1.e., the multiple (non-overlapping) (a,p, ayp41, .--.- 5 


Qp+p—1) = by (k = 0, +1, +2, . . .) of Equation 2.5.2 is mapped into a 
single point of the complex plain, (/,,Q,). Therefore, the total number of the 
points of (/,,Q,) must be 2”. Thus, the symbol rate of this modulation becomes 
1/P times that of the BPSK using the same binary sequence of Equation 4.3.1.2 
of Volume I, which leads us to a bandwidth reduction. 

Rewrite Equation 2.5.2 by 


eye © [1(b,) + i00.)) 


-Vp(t — kPT) ei@ott®) Css); 


Because of the multi-level amplitude and phase modulation, the signal is more 
vulnerable to filter distortion, nonlinear distortion and thermal noise than the 
FM and QPSK signals. The output of the pulse-shaping filter F,; is now given 
by 


too) 


e = eirtti® S' [1(b,) + jOb)] 


> Sp(t — kpT) (2.5.4) 

where 
Sp(t) = [voto mye = Dax (Coxe) 
h,(t) is the low pass analog impulse response of F,. As explained in Section 


2.3.2, Sp(t) is not restricted in the time interval (—P 7/2, P T/2) (one symbol 
period corresponding to k = 0) and the intersymbol interferences degrade the 





‘The complex form is used in this case for mathematical convenience. 
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Signal Points a 





Figure 2.5.2 Signal Space of Digital APM Signal (Example) 


transmission performance (error probabilities) even in linear channel cases. The 
analysis of the effects of the intersymbol interferences and the thermal noise is 
similar to that in Section 2.3.2, except for the fact that the characteristic function 
of the intersymbol interference is now different and that the integral domain of 
x and y in Equation 2.3.2.22 is also complicated. 

Now, C,(u,v) is given as 


x 


HE, fexpl eS? — O5P)u 


Cru, v) = 
k 


ais (1,5? a O,S\?) v} (2.5.6) 
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where S\ and S$ are respectively the real part and imaginary part of Sp(t — kPT) 
at the sampling point fg and 


(by) = Ty 
O(b,) = Q; C2) 


In this case, C;(u,v) is more complicated than the QPSK case given by Equation 
2.3.2.19, since J, and Q, are variable not only in inphase but in amplitude as 
seen in Figure 2.5.2. The domain of x and y integrals in Equation 2.3.2.22 is 
no more (x = 0, y = 0) as in a QPSK case, and it is much more complicated 
because of the changes of amplitudes. While, in the QPSK case, the error 
probabilities obtained by assuming that d) = 7/4, 3/4q, 5/4q or 7/47 are all 
the same, there is no such analytical convenience in this case. However, the 
evaluation of the effects of thermal noise and intersymbol interference is still 
possible, although it is beyond the scope of this book. The combined effects of 
the nonlinear characteristics and intersymbol interference for this signal can be 
analyzed in a way similar to that of Section 2.3.3. For the same reason as that 
described in Section 2.3.3, the degradation of the error probability due to the 
combined effects is much greater than that of the intersymbol interference alone. 


2.2 EXERCISES 


1. In Equations 2.1.1.3.14 and 2.1.1.3.15, the terms of (k, = 0, k, = 0), 
(k, = 1, ky = 0), (k, = 0, ky = 1), and (k, = 1, ky = 1), should be 
evaluated as exercises. 


2. Applying the approach of Equation 2.1.1.2.1 to the case of Equation 
2.1.2.5, obtain the FM signal distortion due to the echo distortion of this 
case. 


3. Based on Equation 2.1.3.3, derive Equation 2.1.3.5. 


4, Foran FDM/FM signal, obtain the worst value of a NPR channel frequency 
produced by interferences whose power spectrum has a Gaussian shape, 
for various frequency distances. Find the cases where the worst NPR is 
not at the highest frequency channel. 


5. For the nonlinear characteristics of TWTA given by Figure 2.1.3.1, obtain 
the value of 1 + (BF(x,)')? in Equation 2.1.5.45 and show (BF(x,)')? 
<< _ | for various backoffs between 0 dB and 15 dB. Find when the largest 
value occurs. 


6. Study the analytical approach shown in [37]. Understand the analysis to 
obtain the zero crossing probability for the Gaussian noise using reference 
shown in [37]. 
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10. 
11. 
12. 
13. 


14. 
15; 
16. 


Prove Equation 2.1.5.61 using the representation of Equation 2.1.1 for the 
Gaussian noises. 


Derive Equation 2.1.5.77 yourself. 

Derive Equation 2.1.5.78 from Equation 2.1.5.77. 

Prove Equation 2.1.5.80. 

Prove Equation 2.1.5.90 using Equations 2.3.32 and 2.3.10 of Volume I. 
Prove Equation 2.1.5.101. 


Prove the results of Figures 2.1.6.3(a) and (b) using the formula established 
in Section 5.6.4 of Volume I. 


Prove the result of equation 2.1.7.12. 
Prove Equation 2.3.1.4.1. 


Read References [41] and [43] and understand how to obtain aj, ,,. 


Chapter 3 


TRANSMISSION IMPAIRMENTS: 
MULTI-CARRIER ANALYSIS 


3.0 INTRODUCTION 


Chapter 3 discusses the case where a number of carriers go through nonlinear 
devices with AM/AM and AM/PM, i.e., intermodulation products and modu- 
lation transfers. Chapter 3 covers cases of various signal input to various nonlinear 
device for the intermodulation analysis. Special cases, two or three carrier input 
cases, small carriers cases and a large carrier case, cases of coherent intermod- 
ulation products and FM demodulation, etc., are discussed in detail. 

For modulation transfers, three combination cases between FM and digital 
(PSK) signals, i.e., modulation transfers from FM to FM, digital to digital, and 
digital to FM, are discussed. The case of modulation transfer from FM to digital 
is ignored here, since its effect is almost negligible. 

All the analyses in Chapter 3 are entirely based on the general formula shown 
in Sections 2.13 of Volume I and in Chapter 3 of Volume IL. 

In Chapter 2, it is assumed that only a single carrier is transmitted through a 
transponder, and the effects of thermal noise and of distortions due to filters and 
nonlinear effects are only considered. There is accordingly no consideration of 
the effects of intermodulation products, modulation transfers and interferences 
from other signals which come from other transponders or other satellites. This 
chapter consists of two Sections, one discussing intermodulation products and 
one, modulation transfer produced by multi-carrier transmission per transponder. 
Thus, the analysis is limited, in this case, to mutual effects between carriers 
transmitted through a common transponder (or HPA). The other important effect 
from the adjacent transponders and other satellites is described in later sections. 


3.1 DEVELOPMENT OF GENERAL THEORY 


This sub-section shows a general theoretical model of nonlinear devices for multi- 
carrier transmission. The results obtained in this sub-section will be applied later 
in Sections 3.2 and 3.3 to analyze the intermodulation products and modulation 
transfers. The nonlinear devices are, in this section, HPA, TWTA, SSPA, etc. 
As assumed in Section 2.13 of Volume I, these devices are taken as memoryless 
in this section. This assumption is valid except for some cases of HPA whose 
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bandwidth is usually 500 MHz and in which the frequency separations between 
carriers are more than 100 MHz. For such cases with memory, there are few 
successful (experimentally proved) theories up to now [52] and the published 
results are hard to apply to practical cases. 

The simplest data obtainable from experimental laboratory tests which char- 
acterize these nonlinear devices, are the amplitude and phase versus input power 
explained in Section 2.1.3. Based on this single carrier amplitude and phase 
characteristics (AM/AM and AM/PM), all the multi-carrier transmission analyses 
must be derived (excluding the cases with memory). Represent the input to the 
nonlinear device by, 


e(t) = Asin (wot + 8) (3.1.1) 


where the amplitude A and phase 0 are assumed to be constants. 
Then, the output of the nonlinear device is given by’ 


eD) = >) a, sin(2tkfot + k0) 
k= 
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6; (t)= Asin(wof + 0) 60 (t) = a4 (A) sin (wot +8) 
Figure 3.1.1(a) Instantaneous Model of Nonlinear Device 
(oO), 7. (1) 
CR ENVELOPE Go * 
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Figure 3.1.1(b) Envelope Model of Nonlinear Device 
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‘Tt is obvious that es is a periodic function whose period is 277/Wo = fo - 
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+ >) db cos(2akfyt + k0) + bo Gal) 
k=1 
where 
ibipal eee 
aq=— H(A sin x) sin(kx) dx 
a JO 
Dam 
b. = H(A sin x) cos(kx) dx 
am JO 
(k AO). Gaiays 


It is easy to prove here that 

a>, = 0 and bo,4, = 0(k = 0, Le On re) (3.1.4) 
and that a), , is an odd function of A and b,, is an even function of A, 1.e., 
2 i H(A sin x) — H(—A sin x) 
aT JO 2 


a sin x) + H(—A sin x) 
aT JO 2) 


sin((2k + 1)x)dx 


Qgk+1 = 


bo, = 


cos(2kx) dx. (395) 


This is a simple Fourier series expansion. The function H(e ) is called a 
‘‘Nonlinear function of instantaneous model.’’ In laboratories, the fundamental 
components are usually only measured and the d.c. and higher harmonics are 
attenuated by the devices around nonlinear device H. Thus, the output of the 
zonal filter is 


€o(t) = a,(A) sin(wot + 8) Grle6) 


where a, is an odd function of A. As seen from this result, the instantaneous 
nonlinear characteristic cannot give the AM/PM nonlinearity explained in Section 
2.1.3 (i.e., f(A)), which exists in reality. 

In order to explain the AM/AM and AM/PM characteristics g(A)e//, two 
instantaneous nonlinear devices must be considered, i.e., 


27 
a,,(A) = ad H,(A sin x) sin x dx 


27 


a\Q(A) = Pall H(A sin x) sin x dx. (SEE7) 


‘The value of bo is half that of Equation 3.1.3 for k = 0. 
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Wd/INV pure WV/IAV Wii Jusuodwiog Jejuowepun, Joy [9poy] JeouTTUONN ZTE INS 
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Thus, the outputs of the zonal filters, F; and F, are respectively 
a,,(A) sin(wot + 8) 
1 Q(A) Cos(Wot + 8). (3.1.8) 
Thus, the final sum eég is given by 
€y = a,,(A) sin(w@ot + 8) 


+ di9(A) cos(Wot + 9) 


a 
VGy)e Gre) sin} 0 ee0.tans * “a (3.189) 


/ 


It is assumed that the zonal filters cut d.c. components and higher harmonics 
and do not cause any distortion to the fundamental components. Define new 
functions 


g(A) = V(a,,)? + (a9)? 
a 
f(A) = tan7! (£2) (3.1.10) 
ay] 
Thus, the output of the zonal filter is now represented by 
€o = g(A) sin(wot + 8 + f(A)) (Bethe ily. 


This is the same result as that of Equation 2.1.3.2. Laboratories measurements 
give this g(A) and f(A) but not in this form, i.e., 


vmelel(o2n2f 


= G(x,) (SeEaE2) 


where (x, and A) and (y, and A) are related by Equation 2.1.3.4, i.e., x, and 
G(x,) are given in dB. Also, for f(A), 


YA 


fOV2 102°) = F(x) (3.1.13) 


where F(x,) is degree/dB. Again, the laboratory measurements give G(x,) and 
F(x,) as in Figure 2.1.3.1. 

Before going to the general analysis, a simple example will be analyzed. 
Instead of handling a single carrier as above, consider now a two carrier input 
into the nonlinear device. 


e = A, sin((w) + @,)t + 6)) 


+A sin( (ogre @s a0) (3.1.14) 
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where @ 9 is a midband angular frequency and w, and w, are respectively the 
differences from it. For example, fo is 6 GHz, f; (= w,/27) = 15 MHz and 
fo (= @2/277) = —15 MHz. The representation of fo + f; and fo + fh is just 
made for analytical convenience. Combining two tones of Equation 3.1.14 into 
one, 


e = [A, cos(w,t + 0,) + Az cos(@ zt + 65)] sin(wot) 
+ [A, sin(w,;t+6,) + A, sin(w t+ 8)] 
> COS(Wof). (Ga5)) 
Rewrite this as 
20 Ame Ry eee (3.1.16) 
where 
A(t) = [{A, cos(w,t+ 6,) + A> cos(wt + 0,)}* 
+ {A, sin(w,;t+0,) + A> sin(@ t+ 65)}7]” 


oe [Aj + As =F 2A,A> cos{(@; PY, W>)t ata 0, aaa 6,}]” 





6(2) 


4 sin(w,t +01) + A> sin(wt + 65) 
tan 


> Aa 7) 
A, cos(w,t + 6,) + Az cos(wyt + 82) 


From the assumption of memorylessness, 
€o(t) = g(A(t) sin{wot + OC) + f(A(t))}. (351218) 
If the complex forms are used, 


j +70 jo t+ jot 
e® =: [Are 2 IPL ie A> e! 2 2] e/ 0 


= “ elf) (On 1et9) 


Assume for simplicity’s sake the following nonlinear characteristics 
g(Aye~ = ag A + a, A? (ale20) 
where &» and a, are complex coefficients in general. The function g(A)efA) 


must be an odd function of A which will be proved later. 
Thus, from Equation 3.1.19, 


Oy = (Qo a Q AZ\e™ (Gale) 
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AAR AEE Ae! ne 
1 2 





“uA pAgte J(@, — 2)t—~ JO — 93) (GA 22) 


from Equation 3.1.17. 
Therefore, from Equation 3.1.21, 


(®) — @)t+j(9; — 9) 


€y = [a9 + a, A? +0,A3 + 0A, AQ e! 





+ a,A,A,e J, — ©2)t~j Oy %2)) 


: [A eF@ot overt ue Azel@o* ett 72) 


[ax 9A; + a (Aj + 2A,A3)] ero den 
+ [opA, + a, (AZ + 2A2A,)] ef ot O2#FI% 


a 0, AZA, ef Oot 201-0 2)# 49291 — 8a) 
1 


PA VAs eT PO POND NET ERD Gs) 


where the first two terms are the signal components at the output and the last 
two terms are intermodulations, which are called third order intermodulation 
products. Note here that, for the constant envelope modulations as in FM signals, 
the output signals do not receive any distortions and only the levels are changed 
(except for the fact that the intermodulations appear). But, for the amplitude 
modulations or hybrid modulations where A, and A, are time functions (or even 
the filtered PSK signals), the signal components (the first two terms of Equation 
3.1.23) receive the amplitude and phase distortions, since a, a; are complex 
numbers. In practical cases, the power series expansion needs much more terms 
than that of Equation 3.1.20 and in many cases the power series expansion is 
not a good approach (e.g. small backoff areas). There are also much more than 
two carriers in most cases. Furthermore, the higher order intermodulation prod- 
ucts (Sth, 7th, etc., orders) are required in some cases. Thus, it is important to 
obtain a general solution, which can easily be applied to many kinds of practical 
cases. Thus, the input signal e{° is assumed to be 


n 
(0) Jp + O)tT JOR 
Dp 2 A, (tHe 


SS AGyeleu Ie (3.1.24) 


where 


Apel? = > Ayelet IO (Bigh25) 
k=1 
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where A and @ are real functions. Then, the output of the zonal filter F, (in 
Figure: 3.17 1)is 


g(A(t)) 
A(t) 


€o(t) 


elf A) oO (4) 


= g(A) elf AM) ss A,(t) ei ot Ox)t FIO (3.1.26) 
A(t) se tee 

As seen from this result, the difference between the output and input is the 
factor g(A)e//A and, noting A is the envelope of the composite signal of 
e, the model using Equation 3.1.26 is called ‘‘envelope model’’, while the 
model using the function H(e%) (the output of the nonlinear device before the 
zonal filter) is called ‘‘instantaneous model’’, since e\ changes much faster than 
A(t) (the change of e is sin(wot) and that of A(t) is only sin(w,t) as seen 
from Equation 3.1.25). 

The relationship between the instantaneous nonlinear model and the envelope 
model is the Tschebycheff transformations (see Equation 3.1.7), 


Leshan 
g(A) cos f(A) = — 3 H(A sin x) sin x dx 
7 


1 27 
g(A) sin f(A) = — e H(A sin x) sin x dx or 
T 
7 aN ie 
g(Ajew4 = — | [H, + jHg] sin x dx. GARD 
7 


Although, in previous analyses, H; and Hg have been used to solve problems, 
a general solution based on g(A) and f(A) (or measured G(X,) and F(X,)) must 
be found, since g(A) and f(A) are only available in reality. As seen in the 
following, the introduction of H, and Hg is not required for the analysis. The 
problem is now to obtain a general formula for the evaluation of all the inter- 
modulation products based on g(A) and f(A) (or G(X,) and F(X,)) measured 
by single tone tests. Rewrite Equation 3.1.24 for the input to the nonlinear device 
of Equation 3.1.27 as 


eo = [2O yy le” 


jOot+j tan! (*) 
Vx? + ye x (xe28) 
where 


x) = 2 A,(t) cos(a,t + ;) 
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ya) = >> A,(t) sin(w,t + ,). (3.1.29) 


Using this x and y, the output of the zonal filter is given by 


UNV TDP) OEY) 
eq(t) = gC V ve) ae 


ef Po! (3.1.30) 


Define the double Fourier transform 


2 BOV AA Ye) 9 Oa) 


GCS ee 
(u, Vv) BN aery 
(x+jy)e 14 IY dx dy G.1.31) 


jie aR A Py) 
Vx7 + 2) e a 
8 y ae 


1 elt hte 5 
aS ny =| | Liu, ver" dudv. G32) 
at —_—s —_x 


Substituting x and y of Equation 3.1.29 into Equation 3.1.32, eg becomes 


€n(f) =. (2ar) 5 - emt | i: Lu, v) I 
-x J x Fea 


* €Xp ia Ve aay? sin} out 4 o, + tan! (“\ du dy = 
VY 


be a xs 


(2a) ~2 eo! > » eas s 


k= —-*% k,=-—& k=-c 


J | L(u, v) i J (AS N/ U7 ey) 
An s,s at ee 


EXD ih on + b, +tan ! ()} du dv 3.1.33) 


where the formula 
C7 eS eave (3.1.34) 
k=-x% 
was used. The result of Equation 3.1.33 can be rewritten as 


> 


os a) 


oe 
(=o k= -% k,=—-% 


€o(t) = exp[jwot] 
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* exp[jk,(@,t + o;) + jkx(@t + 2) cree’ + jk,(@,t + ,)] 
Mk. hl ao AEA RAS. 8A) (3.1.35) 
where 


oe ed ah ave +) 
ee 5 SN Ae ae 


explif(Ve + )) (tiv) TA (AyVie + 
pes 


ps 





“exp ; 2, k, tan~! (5) | e7i"x-i~y dy dy du dv. 
s 


(3.1.36) 
Using the polar coordinate transformations, 
x = pcos &, u = ysinn 
y = psiné, v=ysinn (Beles) 
WAGGEK 5. se RAT gale a5 Ap) 
-{[ , Tl J,4,9) pg(p) ei 
-J(yp) dy dp LO eke te ee al 
and 
M=0 LO Ky ee a cee (321538) 
i.e., the output of the zonal filter is finally given by 
DOW Sno as eva 
k= 2 == k,=—* 
PVN ee ae ok cA Atl Gy inte REA) 1 Fk tke) (3, 1,39) 
pe 


where 


is i |, »| a 1,04, Ji(yp)pg(p) e/ dy dp (3.1.40) 
oes 


where only the components (in the sums of &,) satisfying 
koe ky eT (3.1.41) 


are taken. This condition physically comes from the fact that only the fundamental 
components after the nonlinear device are considered, 1.e., 
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ky (Wp + 01) + ky (Wo + @2) + +°* + k, (Oo + Oy) 
Sei) at k, ar ky @> ap 8D Se kK, ®p, 
for k, = ky ap OO ae Ke = ib 6.0742) 


The result of Equation 3.1.39 is very useful, although it looks difficult to evaluate 
the double integral of Equation 3.1.40. However, as shown later, it can be 
integrated for many important cases. 

According to the commonly used terminology, the components satisfying 


[k,| + [ko] + --> + |k,| =k (3.1.43) 


are called ‘‘k-th order intermodulation products.’’ It is very easily proved from 
the condition of Equation 3.1.42 that & must be an odd integer and therefore, 
there is no even order intermodulation product. This also comes from the fact 
that the zonal filter takes only the fundamental components of wo. As simple 
examples, take the first order (kK = 1) intermodulation products (the signals) and 
third order intermodulation products (k = 3). 

In the case of k = 1, the only solution is the case where only one of 
k,(p = 1, 2, . .., n) is | and others are zero. In the case of kK = 3), there are 
two types of intermodulation products 


(1) Two of them take |, another takes —1 and all the others take zero, e.g., 


ke Won sleek — = (and bie 0) 
(ii) One of them takes +2, another takes —1 and the others take zero, e.g., 
ie = I ea ee 


The number of intermodulation products of type (i) is 


Ma = 1D) C= 2) 


Ny,—1Cy = aa oe (3.1.44) 
and that of type (ii) is 
nn=1C, = n(n —1). (3.1.45) 
Therefore, the total number of the third order intermodulation products is 
n?(n—1 
ees: oF 1 nn On| = —— s (3.1.46) 


For the reader’s interest, the case of the linear device where there should not be 
any intermodulation product is analyzed. 
In this case, 


8(P) = oP(go; constant), f(p) = 0 (3.1.47) 
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IM (Kiss = ets Ky eet ta AP) 
= 180 |, |, We (Ar Sx, (A2 0° Jk, Any) 
*Ji(py)p* dy dp. (3.1.48) 
In order to obtain this double integral, Equation 3.1.48 is modified as 


soy, 
M— 86 Lim | ls y T Ji Apw4i (ype > pr dydp (3.1.49) 
where 





SO o 9? Ve 
nee 2) Vas 
|, p*Ji(py)e z f 


of : (3.1.50) 
Thus, 


BOF ne 
Ee y 
M = gotim |, & fh J,aone 


ey ales 
2 


o? dy 


ds -= 

eG Lain [= — [1 Jn (GApx)e ax (con) 
o> 0 p= 

Since 


in == ld One 20 
ao—0 Oo p=1 P 


(3.1.52) 
if [ky] + |p| 


+ 


- + |k,| = 3 and 


1 Ag 
Lin 1 Ji, GA) 


o—>0 O p=1 rie 
if |k,| + |k| + <-> + [k,| = 1 and 
i SO One sie kee = okra 80 iy ke) 
Thus, 
€-th Ae oo eae 
M(OL0S 0S OMS 0). = ouete oe = 2pAp. (30.03) 


This is the expected result for a linear case. The general formula established 


above can be usefully applied to the intermodulation and modulation transfer 
problems in the following Sections 


148 Transmission Impairments: Multi-Carrier Analysis 


3.2. INTERMODULATION ANALYSIS 


The general formula obtained in the preceding Section 3.1 is too difficult to 
apply to practical cases. In this Section, it will be approximated into practically 
usable forms by means of convenient expansions, and many important cases will 
be discussed. 


3.2.1 Power Series Expansion of Nonlinear Characteristics 


The power series expansion of the nonlinear characteristics has been most com- 
monly used [53] [54] but it is not really a good approximation for the smaller 
backoff areas (close to saturating power), since a great many terms are needed 
to approximate the nonlinear characteristics. Assume that 


L 


eprerO = S arora (So. a) 
m=0 


Then, the complex amplitude M of Equation 3.1.40 can be exactly obtained as 
follows: 


M(k,, ky, cet uk AG eae. ba eS) 
= 2» om i I |, nn 1,44) | Incipo2") dy dole 1} 
m= p= 


These integrals do not exist for some cases. Therefore, Equation 3.2.1.1 is 
modified as 


if 
g(p)ef = Lim S a, p2mt! eB”, (Gi2sie3} 
B—0 m=0 


Thus, 


HE oo x 
ae n 
M = Lim Op ery I, (A 
Lins [ "am Jo Jo i (Ap) 


-yJi(yp)e °°’ p? dy dp. (3.2.1.4) 
Using Equation 3.1.50, this becomes 


L boo} 
gm [2 142 : 
M = Lim cD" | PTs) ye ws 
B—0 a aD ap” Jo (2B)2 Ay x,(Apy) dy. (3.2.1.5) 


Replacing y = 2B x, M becomes again 


L ee yes —1)m' am 
jig tg an | Yren2 (Dies 
m=0 0 ap” 
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ee a 


To evaluate these integrals, expand 


il IetAry) ae ee C2157) 


j= g=1 


where it is easy to prove that this is an odd function of y from the condition of 
Equation 3.1.42. Now, 


On 1 
sees Meecvee As = ee 2m! x21, 3.2.1, 
Fe (az, x, ( B Pee Cn m! x ( 8) 


Substituting this result into Equation 3.2.1.6, M is given by 


16 oC = bs 
M= y Om(— 1) "em 44 2mm! | x23 6 2 dx 
m=0 0 
p 
= >) a_(—1)™ ens, 22"*! m! (m+ 1)! (3.2.1.9) 
m= 
where é,,, 1 18 a fuinction of A,, Az, . . ., A,, and determined by k,, ky, .. ., 


k, 


TLS 


To show how to use this formula, two examples are given here: 


(i) n = 1 for single carrier input cases. In this case, from Equation 3.1.43, 
only the k,; = | case exists (only one output). Thus, M(1; A;) is given by 


M(1; A,) = | i pg(ple* T(Ayy)Ji(py)y dy dp. (3.2.1.10) 


Using the formula from Equation 2.4.31 of Volume I, 


QO) 
B 


[| O(p)J,(yp)J,(By) yd ydp (e2el nit) 


A A If(A,) a 
MGs Ay) = es cieuee we Sea Aer ae G22 lid) 
1 


Now, for the case of Equation 3.2.1.1, from Equation 3.2.1.7, 


PA it 
(=1)7"! I 
2 2 


LA ee epee y2m—l 


m=1 


150 Transmission Impairments: Multi-Carrier Analysis 


= > ey! (3.2.1.13) 
q=1 
1 2m+ 1 
Cape 5 
= Agr. 32514 
en+1 (m+1)! m! 1 ( ) 


Therefore, from Equation 3.2.1.9, 


W 


M(1;4,) = > a, 22+! m! (m+ 1)! (-1)™ 
0 


n= 


(- lige Q2~2m—1 
m! (m+ 1)! 


ie 


Je, 
=) o,Am”. (3.2.1.15) 
m=0 
From Equation 3.2.1.1, this must be equal to the result of Equation 3.2.1.12. 


(ii) Two carrier case. Under the expansion of Equation 3.1.20, a two carrier 
case is analyzed using the above result. 


The coefficients e,’s of Equation 3.2.1.7 for the signal component (k, = 1, ky 
= Q) are given by 


FiAry)JoA2y) = 2) ey 47! (3.2.1.16) 
qg=1 
In this case, only e, and e, are required to calculate M from Equation 3.2.1.9. 


A Aj 
Ji (Ary) Jo(Azy) = a, = e yo + ee 


gall 

2% 

us A2 
ee 


4! 
eran 
7a 8 


_4 = A\Az , Ai 
Cie Ce i = : (3.2.16 18) 


—! 





(GIT 


= 
> 
NP 
alee 
ae 


Therefore, 
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From Equation 3.1.20, 


A 
M(, 0; A,, A>) = Oo 5 2 


A,A4 A? 
+ a,(—-1)(-1) oa =+ 4 oe OM 


OA, + a, (A? +2A,A3) (3.2.1.19) 


II 


This is the same as Equation 3.1.23. The result for (ky = 1, k, = 0) case 
can be obtained by exchanging A, and A, because of the symmetricity of A, and 
A. The third order distortions are given as follows: The component for (k, = 


2, ky = —1) 
Ee Nae Neo 
bere ea eae 


J(Ary)J— (Ary) 


AiA 
a Ts yo tore, (3.2.1.20) 
Therefore, in this case, 
Az A 
Qs = = rey (G2 e 2a) 
From Equation 3.2.1.9, 
3 Aj Ap 2 
MC. AA. A.) = 10)(—1)2-2" ae rae = a,Aj{A,. (3.2.1.22) 


This result is the same as that of Equation 3.1.23. The component M(—1, 2; 

A,,A,) is given by exchanging A, and A, as seen from Equation 3.1.23. By 

measurements, we have G(x,) and F(x,) (single carrier characteristic). From 

Equations 2.1.3.3 and 2.1.3.4, calculate g(A) and f(A) and fit the characteristic 

g(A)e¥™) by a polynomial as in Equation 3.2.1.1 (a,, @),. . ., @, are obtained). 
Using the Bessel expansion, 


z2m+|k| (k Se 0) (3,2) 1-23)1 


2m +\|kI 
— 1)” at 
ip Ik| es ( (2) 
Apa = )kl 


2 m! (m+|k|)! 


the coefficients of Equation 3.2.1.7 are obtained. Thus, the complex amplitude 
WiKi ee hes Aaa sea) canbe calculated by Equation 3.21109. 





"In case of k = 0, the factor before the summation is unity and k = 0. 
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3.2.2 Bessel Expansion 


If the nonlinear characteristic g(p)e/ is expanded by a Bessel series, many 
complicated problems can be easily solved, e.g., 


IG 
Bpel © ==> DI iGkp) 1 O =), (32 2a) 
k=1 


This expansion corresponds to a Fourier series expansion in the instantaneous 
model. Expand the instantaneous model nonlinear function as 


H(X) = A(X) + fPHo®) 


e 2 
es exp| - jE as| G22} 
k=-x D 


where, in order to obtain a good result, D must be larger than the dynamic range 
of the input signal e (or the probability of |e!°| exceeding D must be very 
small so that the error caused by this approximation is small enough). 


D 
| 2: panty 
Ca = Hye vax Sew Ae ee) 


Nlo 


From Equation 3.1.7, 


é 2 [? 
g(p)e%) = — | sin 6 H(p sin @) d@ 
7 


N/a 


= Z 
Op, 2 iF ke sin 0 
=— Ds (Gp e sin 6 d0 
T k=-x 


wla 


= 2) 
(=2)) » (Co-Op) (2 tv) (3.2.2.4) 
k=1 D 


where Equations 2.3.11 and 2.3.13 of Volume I were used to obtain this result. 
This sum must be terminated in practical cases at some number (say L). 


If b, is defined as 


De 2} (Cpe Cay) 


2a 


Oe De (Sua. 2n0) 
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the result of Equation 3.2.2.1 is obtained. This simply means that the Bessel 
and Fourier series expansions are related by the Tschebycheff transformations 
as explained in Section 3.1. 

Under the expansion of Equation 3.2.2.1, the integrals of Equation 3.1.40 is 
given by 


Mice eek SAT.-. £8,, Ae) 


II 


IG, oS oe; n 
2, bs |, I y I Je, App)Ji(yp)Ji (asp) pdpdy 
s= p= 


w 


lads AMIE eialot A, (Cm 22 50) 
1 pai v 


Ss 


where the formula of Equation 3.2.1.11 is used to obtain the result. The coef- 

ficients b, can be evaluated by Fletcher Powell or Bessel (or by a general) 

approach [56]. It has been shown that the Bessel expansion is a very suitable 

approach for the HPA or TWTA applications [61], [55], [66]. The following 

shows that this approach can be applicable even to the ideal hardlimiter case. 
The instantaneous model function H(X) is assumed here 


HX) =H, X20 
ee (m7) 





Figure 3.2.2.1 Instantaneous Model for Ideal Hardlimiter (WithoutAM/PM) 
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Then, from 
27 


; 
a H(A sin x) sin x dx 
a JO 


4 
= = Jalan A >0 
7 


e(Ajyew 


4 
= = Hy eh 0 (3.2.2.8) 
Ti 


where A must be = O in normal conditions, i.e., the hardlimiter characteristic 
is unchanged in both models but only the constant 4/m factor is different. In 
this case, the C,’s of Equation 3.2.2.3 are given by 


D 
= 27 
1 2 = if SNe ae 
C,=- iG Neue se ae ads, 
DY »p 
<2) 
2 
= —H, for odd k 
kj 
= 0 for even k. (G222-9) 
Thus, the Bessel coefficients, b,’s are given by Equation 3.2.2.5 
eet (—8) 
= 2) —— = 
x = ( Dak ap Ho for odd k 
= 0 for even k (322.210) 
From Equation 3.2.2.8, so that 
g(p)e7) = go (a real number), p> 0, G22) 
T 
8) (—8) 7 (~ 280) 
b, = ~— Hy, = ~—-- 2, = - 
k =p) tt re 4 80 i for odd k 
= 0 for even ke (3.252413) 
Therefore, Equation 3.2.2.6 becomes 
MK agers oh AN SAG ee ee An) 





—2 n 
= >) a I Je,(a(2s — 1)A,). (3.2.2.14) 
p= 


Intermodulation Analysis 155 


This series is very quickly convergent for the sum of s. Another reason why the 
Bessel expansion is convenient for the analysis is that all the A,’s are separable 
as a product of the Bessel functions in Equation 3.2.2.6, which is very convenient 
for the derivative, integral and other operations of A,- The author will finish 
this sub-section by providing an example to show this convenience. Suppose 
that ” carriers are the input to a nonlinear device as in Equation 3.1.26. Then, 
the signal components at the output have the amplitudes B,, By, .. ., By. 

Now, the problem is how to obtain the input power of each carrier when the 
output power of each carrier is given, assuming the intermodulation products 
can be ignored. From the theory established in this section, 

k-th 


BeOS cea la Ome eC CAT AD a. AR) 
Gen Jee eS Gvou5) 


Thus, the input and output powers of each carrier are respectively given by 
1 


P= =A? 
ik a} k 
1 
Pox = 5 |Bi(Ar, Ad, 5 in HeAr) |: (Ge -Alo) 
The problem is again mathematically that, when Po,, Po2, . . -, Pon are given, 
we obtain P,,, Pix, . . -, Pin- It is very difficult to solve this problem analytically. 
Therefore, define function 
2 
n 1 
N(A;, A2,.- 7, Ap) = » Ps a 5 IBlAL, A ee bys as Ank pg @eZel Th) 
The problem is to obtain A,, Az, . . ., A, So that 
Minit h(Ay§ As, 2 A, (Ge2.2 218) 
To minimize \(A,, A>, . . ., A,), many approaches are available but the 
problem becomes much easier if the partial derivations of \ with respect to A; 
(k = 1,..., n) are available. As shown by Equation 3.2.2.6, 
L 
By(A,, Ar, - + +» An) = Dy BeJo(Ar es) Jo(Aras) 
s=1 


Jo(Ay— 105) Jy(Apars) Jo(Ags 105) ++ Jo(Anas). (3.2.2.19) 


Therefore, 

dB 2 

—t = — >) b,(as) Jo(Aras) +++ JiAeas) + 
dAg veal 


J, (Ages) +++ In(A,os) (€ # k)  (3.2.2.20) 
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B ifs 
OB Fite b.(as) Jo(A; a5) * 
OX, s=l 


5 Wo(Aas) = J(Apas) (2 lA). (2-oe2 8) 
where Jo(AgaS) is replaced by —J,(AgaS) (aS) in the product of Equation 
3.2.2.19 for the first case and J,(A,aS) is replaced by 1/2 [Jp(A,aS) —Jz(A,aS)] 
(aS) for the second case. This availability of the partial derivative of \ makes 
the minimization of \ much simpler. See Reference [60] for the detailed de- 
scription. It is very difficult to obtain d\/dA¢ by other means of expansion of 
g(p)e*. Using dB,/dA¢ of Equations 3.2.2.20 and 3.2.2.21, dB,/dA¢ is given 


by 
on n 1 OB, 
eS Pee 1B (ai Re Be 
aA, 2 Ok 5 AP ) | | 


-2 Re{ S By —* oi ace _ + 1a°|. (3:22) 


k=1 dA¢ 





Thus, the availability of the analytical derivatives shown in Equation 3.2.2.22 
makes the minimization of Equation 3.2.2.18 by softwares much simpler and 
much more accurate. See Reference [60] for detailed practical applications. 


3.2.3. Fourier Series Expansion 


In this case, the envelope model nonlinear characteristic is expanded by a Fourier 
series instead of the instantaneous model expanded by a Fourier series as in 
Equation 3.2.2.2, i.e., 


Di 
g(p)e) = > a, sin(2amDp). G23) 
m=1 


D must be chosen considering the dynamic range of e, as before. Then, from 
Equation 3.1.38, 


MO Kel erece s2ce Ke Are Meee A) 


L 2 x 
52 a y ail Ji (Ap Y) i p sin(2mmDp) J, (yp) in| d 


m 


©.2.,3.2) 


Since we have 


| i p sin(@amb 1 (9040 Y fl Je (Apy)ay 
xe 


0 
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os foro! 1 : 
: \ J, sin(@mD peCy0\do 7B , a J,(Ayny | ty 





27mD | d n 
= J, (A dy. 
0 V(2amD)*? — vy? |< {» ll k,l »}| » 


(822373) 
Therefore, applying the partial integral to Equation 3.2.3.2, 





S vies 1 d n 
M zm Am ff. A d ; 
ri 0 (2amD)* — +? [4 fy Au k, ( | BY, 


(3.2.3.4) 
Achieving the differentiation with respect to y in this result and replacing 
y = 2mmD sin 8, (3727339) 
Saeed Bel lige 2amD sin 
M = a, ie fi Jy,(4p2mmD sin 8) + ——— 
0 


Sy I J, (A,2amD sin »| 
p=1 ? 


(p#€) 


: {isc(Ag2nmb sin 8) — J,,4,(Ap2mmD sin ota. | dé. 
(22.3.6) 


The evaluation of this result is easy to do by computer. 


3.2.4 Special Expansion 

As shown in some cases, another simple type of approximation has been done, 
which is enough to calculate the intermodulation products of some simple cases. 
In this case, 


g(p)et") = (agp + a.p? + ayp>)e PP" (3.2.4.1) 
where a, a>, a3 and B are complex and Re{f} 


This is a special case of Equation 3.2.1.3 (L 
[in Aes Bore 


a positive number. 
= 2) with the exclusion of 
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2 
Z 
Mie ») An ore 
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ap” 26 p=1 


Using the coefficients of e,’s of Equation 3.2.1.16, 


joe le a 1/784, dn) 43.242) 


M = 2ape, + 16(apR — a,)e. + >, 2747'q!B9~3e, 
q=3 


~(aoB? —1q@_Daei = @-D@=Dal. (3.2.4.3) 


This approach is useful for the cases where the signal input at the back is more 
than —5 dB. 


3.2.5 Hardlimiter Case 


In many military applications, the transponder nonlinear characteristics are the 
hardlimiters. Therefore, the envelope model nonlinear characteristic is assumed 
as in Equation 3.2.2.11, although the AM/PM effects exist in the real hardlim- 
iters. For the case of the hardlimiter with a AM/PM effect, the Bessel or Fourier 
series expansions are applicable. In this case, we have, from Equation 3.1.38, 


MoO 86 ( I ly He 1,4, | 1c) dy dp. (352590) 
ce 


The integral with respect to p does not exist in this case, and this integral can 
be obtained as a limit, i.e., replace g(p)e/“ of Equation 3.1.38 by ge °? 
instead of gg. Then, 


. baw e 5 Y 
i pipe "dp = te (322.522) 
Therefore, 

3 


M = Lim go | y? TL J, (Apyy? + a2) 2 dy 
a> p=1 ° 


too n 1 
80 | IT JA, y)— ay. ) 
OF p=—1 y 


The close form of this integral solution is difficult to obtain in general but it is 
possible to obtain the numerical integral by computer. If 1 is a large number 
and none of the carriers dominates the others (the input e{ becomes a Gaussian 
process in this case through the central limiting theorem), the signal components 
and the third order intermodulations can be obtained as follows (note here that 
the third order intermodulation products and signal components occupy respec- 
tively 9.8% and 78.5% of the total output power and the rest of the higher order 
intermodulation power is 11.7%). 
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The /-th signal component has the amplitude, from Equation 3.2.5.3, 


oO 
my ~ 24, | e 2 dy 


2 0 

Zo V2 | 
= 2° 4,—-— 

D Me. AG 


Di tae 
= 5 7 80 Gen) 


—_ n Ak 
= Shh 
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pega a7 1 
dy = |/--. wear 
[ie ry ier (a2) 


When there are many carriers, the percentage of the /-th carrier power is very 
small in the total power o?. Therefore, 


where 


(total input power) 


Se 


and 


TAry) A, \ -S¥ 
——* TT JA(A,y) ~ | 
TRUeE i o(Ayy) yn (GF290) 
where 
Ji(A 1 
(A7y) = Ay, 
So Arye ee 
; oe 
i Ui(Any ene - = (352559) 


Namely, the output signal is 


: é LS far Al 
Mee ada os fF J = Gime d gl 4h GO5.8) 


In this case, the pure signal components do not receive any distortion (if there 
is no amplitude modulation, i.e., if A, is a constant) and the relative levels are 
unchanged, i.e., all the components receive 


£ a factor change 
,) ,) 80 a ge. 
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The total power of the pure signal components is 


Se t\ , ae 
H2\2+/2) oc 


=— 22, (3.2.5.9) 


Now, the total power of all the components is, from Equation 3.1.24 


1 , 

os JM 

) |goe 
where the output of the hardlimiter is 


§0€ 


t+jo(t) 


JMot + Jb(O) 


PN eet J) 
ENO 


3.20 0h0 
5 ( ) 





B2auw) 


Therefore, the percentage of pure signal component power in the total power is 


7 
ee 
§0 





Bi 
7 80 


100 = ; x 100 = 78.5%. 


(3.225..02) 


The case of the third order intermodulation products is analyzed as follows: 


(i) TypeA + B —C or f, + fo — fz (See Equation 3.1.40). In this case, 


xs oe 2 
A,A,A, { pe 


Me — aay 
0 
es Ae 32.508 
If the amplitudes of all the input components are equal, i.e., if A; = A... . 
= A, = A, the total power of this type of intermodulation products is, from 


Equation 3.1.44 
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(see Equation 3.2.5.5). Therefore, the percentage of this type of intermodulation 
power is, from Equation 3.2.5.9, 











T 
ais 
64 7 
x 100 = — x 100 = 9.8%. 
dle 32 
7 80 
Gieiype-2A0— Bor 27, — f 
2 oc ave 2 
MoP-® ee al ee Vy? dy 
16 
Deis A?A, T 
OTe) (3.2.5.15) 


Assuming all carrier powers are equal as in (i), the total power of this, from 
Equation 3.1.45, is: 


2 2 
1/8) A® (a 1 /20\ fm) 42) 
+(£) o (Z) ne » = 3(£) (z)2 n 
2 
ay pco ao ees 
= 2(2) o(1 1) tag (3.2.5.16) 


since n is assumed to be very large. This type of third order intermodulations 
can be ignored for many carrier cases (none of them is dominant, i.e., a Gaussian 
process case). In Section 3.2.6, the Gaussian input case (including the hardlimiter 
case) will be analyzed, and more general results including the above results will 
be obtained. 








3.2.6 Gaussian Input 


Although, in Section 3.2.5, the Gaussian input to the hardlimiter case was 
analyzed using an inductive approach, a more direct deductive approach will be 
used by means of Gaussian process properties in this Section. Using the same 
approach as explained in Section 3.2.5, assuming that there are many carriers 
and that none of them dominates the others in Equation 3.1.38, the /-th signal 
component is given by 


2 


ea ee | 
up =A [ ve 2 Sityp)pg(p)e# dy dp. (3.2.6.1) 
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Using the formula from Equation 2.3.41 of Volume I for the integral with respect 
to y, M{? becomes 


x p? 
inf a | 
MY = A, [2 I pie giapjenee ‘p 
o 
where oc? is given by 


-3> 4 (3.2.62) 


Sais 


Therefore, all the signal components combined at the output of the envelope 
model are 


x p 

1 Hee 

eS) = | p2e * g(ap) ef) ‘p eo (3:2:6,3) 
20 Jo 

where e(° is the input signal (Equation 3.1.24). Now, the third order intermo- 

dulation products (one component) is given by, in a way similar to Equation 

B21 S. 


(pan —_ —ArAgd, Aa iff) 
M3 ae e Ji (yp) pa(pje dy dp 
R 
Ma [ F) ik ~—y2 
ee ae 2 
Seer AEG J\(yp) éy| 
4 Jo | ARy Jo peace 
- pg(p)e) dp (3.2.6.4) 


where, from Equation 2.3.41 of Volume I, 


: <ul ¢ =, d 
Woo i(yp) dy ver 
l/p 2 2) 
papi ok iB. -3(2) Bi oe 
Tears (2)¢ (2) |. (3.2.6.5) 


MEO) ~ area 2 if(P) (52 — 
3 pears ape g(ap)e (p 4) dp (3.2.6.6) 


Thus, 





where the frequency of this component is 


bo ee eee (3:2'6.7) 
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Therefore, all the third order intermodulation products falling on the above 
frequency must be collected to obtain the intermodulation at the frequency f, + 
fo + fa — f,- In the following, more general results will be obtained, including 
the above results. 

Let us assume that the input to the nonlinear device is a narrowband Gaussian 
process (the bandwidth of the Gaussian signal or noise is much smaller than the 
center frequency). Then, it is represented by 


e® = N(t)eio (3.2.6.8) 


where 


N(t) = NAt) + jN,(2). (3.2.6.9) 


N. and N, are respectively inphase and quadrature components of e. The output 
of the envelope nonlinear device is given by 


N. 
CA CA Ye 
g(VNZ 4 N2) ef VNR (Fi) om 
Cc Ss 


ll 


eo(t) 
a jtanee | 
= gion | | yJi(VN2 + Neyje a 
0 0 
-Ji(py)pg(p)e4™ dr dp (3.2.6. 10) 


where Equation 3.2.1.11 is used to obtain this result. The autocorrelation function 
of Equation 3.2.6.10 is given as follows 


Reg(t) = 5Efeo(seutt + 1)*} 


e Jot oc io.2} fo 27 too} 
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Ty, P1) Ja y2 P2) (91) ef” g( pa) 
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wuen)| V1 2Y2 4P1 4P2 


= jan 
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The statistical average E{ } in Equation 3.2.6.11 can be obtained as follows: 
Define 


R,(t) = ire cos(2mft) df (3.2.6.12) 
R(t) = ire sin(2a1ft) df (3.2.6.13) 
R(t) = |R,(t) + jR,(o)]. (3.2.6.14) 


W,(f) is the power spectrum of the input signal e; (i.e., N(t)e/°’) whose center 
frequency is shifted to zero. Therefore, Wy(f) is not necessarily symmetric 
around zero frequency, since e; is not necessarily so around fy. Then, E{ } is 
obtained as follows: 


B{ MVR NOY) SV Nt) NG) y)) 
| is Gt aa vl (Mea) 
exp E tan (x2 Jk tan N.C) 
= i 4 | a _(V2m)~*{R(O)? — R(x)?}7! 
ICV xt + yi) IVF + y3-y2) 


. exp) fan = jtan 122 
x] XQ 





[RO G? + y? + x3 + y3) 
es RO)? — R(t? 


exp] Ris + yi¥2) , Rilt)@iy2 = x21) 


RO) R(r)e R(0)? — R(t)? | (6.2, 0519) 


Applying the polar coordinates 
x; = & cos n X7 = §) COS No 


yy = & sin n; y2 = & sin no, (3.2.6.16) 


Equation 3.2.6.15 becomes 


SER DY fey 
(2m) (RO)? — RO?) |, i i | JE) 
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__ ROE + &) 
A(R(O)"— RG?) 


R. 
eoRG) cos} = Hit an-1( 22) 


* Ie V2) €1 €& explj(mi — N2)] exo 











a {RO — ROD} 


" dé, dé, dy; dy. (GEO ROnla)) 
Using the formula from Equation 3.1.34 for the last exponential factor of 


Equation 3.2.6.17, the integrals with respect to n,; and yn, can be done simply 
and the result is given by 


R, 
(R(0)? — R(z)2)~ exp is tan~! ( £0) 





‘iy ie RO) ET + &) 
i |, JE V1) Jel E2 Y2) exp| — RON + 


. 1( £1 €R(7) 


RO)? — z.| €1& dé, dé. (3.2.6.18) 


This double integral can be integrated out and the result is (the formula of 
Equation 2.3.47 of Volume I was used twice to obtain this result): 
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RO) _, 
Si 
Ji(y1P1) Si(yo 2) Pig(Pryie™Me 7 — pyg(po) 
EEO 
sede 2 yy 1,(R(t)¥1 V2) dy dy2 dp, dp (3.2.6.20) 
where, from Equation 3.2.6.14, 
RO) = RO) = i Wah of no. (B52.6.21) 


? = the power of the Gaussian input. The fourth integral of Equation 3.2.6.20 
is difficult and, therefore, let us expand /,(R(t)y,y2) by a power series, i.e., 
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Using this expansion, 
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Using the formula from Equation 3.1.50, 
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(3.2.6.24) 





Intermodulation Analysis 167 


The component of m = 0 corresponds to the signal component, i.e., 
Rep (t) = e F(R, (t) + jRi(7)] 
2 
2 Jo 
ee ER) ree) 





i fo) oe 
as Pe R) em ac dp 


p? 2 


Wey ih s 
: ke i p*{g(apyel}e dp (22,0225) 





where R(O) is replaced by o? (Equation 3.2.6.21). The Fourier-transform of 
Equation 3.2.6.25 is given by 


2 





a p° 
1 ae 
= p2e *{g(ap)e4°} dp 
20 Jo 





Wr(f = fo) 


(0<f<~), (3.2.6.26) 


Since the power spectrum of e(%(¢) is Wy(f — fo), this result is equal to 
Equation 3.2.6.3, i.e., the approximation used to obtain Equation 3.2.6.3 was 
correct. 

The term of m = | in Equation 3.2.6.24 corresponds to the third order in- 
termodulation products, i.e., 


| Fae 
Reo(t) = ee EGG) + JRi(t)[R(t)]? 
I 2 


22 2 _& 
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where the Fourier-transform of [R,(t) + jR;(t)][R(t)]* is given by 
Wy(f) © Wy(f) © Wy(—f) (3:2.6.28) 


(where @ denotes the convolution). 
Therefore, the power spectrum of the third order intermodulation is 
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where after two convolutions, x is replaced by (f — fo). This result is equal to 
Equation 3.2.6.6, although it is not a complete solution. 
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If the nonlinear characteristic is given by the Bessel expansion as in Equation 
3.2.2.1, Equation 3.2.6.20 is given by 


_ 1 gf Re) + JR) 
se eh RG) Ps 2, bob 


a i i [ senenJicr200) 9:0: 


RO 
exp] — Ae + 10) Casio 


J (52 P2) VV; (R(t) ¥1 2) dy, dy> dp, dp. (3.2.6.30) 


Applying the formula of Equation 3.2.1.11 for the integral p, first and doing 
the same thing again for py, 
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In the hardlimiter case, g(p)e// is replaced by Equation 3.2.2.11 in Equation 
3.2.6.20 


R,(t) + jR, 
Reg(t) = Bi vm Ree + IR ae | [, ib ip ie P12 


Ji(¥1 Pi) Ji (Y¥2P2) Vi YL (R(t) Y1Y2) dp; dp» dy, dy. (3:2:6332) 


Using the same approach as in Equation 3.2.5.3 for P; and p5, this becomes 
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The first term of the power series expansion of /;(Ry,y>) (Equation 3.2.6. 22) 
gives the signal component, i.e., 
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This is the same result as that of Equation 3.2.5.8 and if t = 0 (which gives 
the total output power of the signal components), it becomes equal to the result 
of Equation 3.2.5.9. If g(ap)e“) is replaced by go in Equation 3.2.6.26, the 
same result also can be obtained. 

The second term of the expansion of /,;(Ry,y2) gives the autocorrelation 
function of the third order intermodulation at the output, i.e., 

(3) ah 86 —jWoT 7 2 
Re) BB PTR (1) + J R(T) LR(7)] 


2 RO, 2 
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= wT Le J RADIRC):, G2.6:35) 

This is the same as in Equation 3.2.5.14. In most commercial satellite com- 

munications, it is enough to evaluate the signal component outputs and third 

order intermodulation products except for the SSPA case, where the AM/PM 

characteristic has an irregular shape. However, in the hardlimiter case, as ex- 

plained in Section 3.2.5, it is necessary to include the higher order intermodu- 

lation products. The explicit solution of the integral of Equation 3.2.6.33 has 

been obtained. Expanding /,(R,,,,) by the power series and integrating each term 
with respect to yy, and y2, Reg(t) is given by 


. RG) eer: 
Reo(t) = Zee | te o| 


S > 2m 
ye Leelee Fa (3.2.6.36) 
4 Azo (m+ 1) [m!2™]* | RO) 








It is now easy to prove that the above is equal to 
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Ly page| Ret) + JR) |[ R@)] 
gee R(0) R(O) 


» 
Ed NS ee A) 
| 2(22) - {1 - (2) \x(22)] 2.030 


Oe d0 
Ra oN lemeeercine 6 





where 


E(x) = Ip Vi — x2 sin? 6 d0 (3.2.6.38) 


where K(x) and E(x) are the Jacobi elliptic integrals. The elliptic integrals are 
well known and there are many approximate functions. 


3.2.7 Signal Components of Two Carrier Inputs 


In many occasions, measurements of two carrier intermodulation are important 
to specify the nonlinear performance of devices used in satellite communications. 
The reason is mainly due to the simplicity of the experimental analysis. Therefore, 
this case of practical importance is explained here. 

In this case, n = 2 in Equation 3.1.25. Then, the output of the nonlinear 
device is given from Equations 3.1.39 and 3.1.40 by, 


€o(t) = > >» Mi (ky, 3A, Apye orn Maen isa ae 
kh=—-% h=—-% (eo tel) 


(k, + ky = 1) 


where 
M(k,,kx3A,,A2) = i i VIn (Ary) Je,(A2y) 


-Ji(py)pg(p)e% dy dp. (G2) 


Because of the condition, k; + k, = 1, Equation 3.2.7.1 becomes a single 
summation, 1.e., 


e() = Dd, Mk, 1— kyr Aa) 


, eJl@o + w2 + ki(w — w2)]t edkid: + J. —ki bo (3.2.7.3) 


where, 


M(k,,1—kj3A,,A2) = | | VIn(Ar yy) Ji —%,(A2Y) 
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‘Ji(yp)pg(p)e’™ dy dp. (3.2.7.4) 


The signal components at the output can be obtained as follows (only the k, = 1 
case is shown, since the k, = | case is obtained by replacing A, and A,). 


M(1,0;A;,A) = | | yJ (A; y) Jo(A2¥) 
-Ji(yp)pg(p)ei dy dp (3257-5) 


where the integral with respect to y is given as 


i yJ\ (Ay y) Jo(A2y) Ji (yp) dy 
(p? + Aj — A}) 


~ WA,p V(2A,A9)2 — (p2 — A? — A3)? 


|A, — Ao] Sp SA, + A, 














= 0 Elsewhere (3:2:7,6) 
Thus, 
M(1,0) 
A, +A) (p? is A? ue As) 2(p) ef) 
i rae TA, V@A,Az° — (p2 — Ap — Ade? 





1 g(VA? + AZ — 2A,A) cos 6) 
AOS rege as 
aT JO VA; + AZ — 2A,A, cos 8 


- exp[jf(V AT + AZ — 2A,A, cos 8)] dé 


We eee ors Are Tene 
TA, |A,—A)| 2A,p 


| Zvoeinen ae (27) 


Since this is only a single integral, it can be easily evaluated by a computer 
when g(p) and f(p) are given. However, there is no such simple form for the 
intermodulation product. Since the intermodulation product carrier frequencies 
are located at mj +w, — /Aw and w)+w, + /Aw (J = 1, 2,3,.. .), assuming 
®, < @, (@, — 0, = Aw), they do not usually fall on the signal carrier fre- 
quencies and therefore, the intermodulation products are not important in many 
cases, especially in cases where the output filter of the nonlinear device exists. 
However, as an exercise for power series expansion, the complex amplitude M 
for the intermodulation products will be analyzed. Assume g(p)e//® is expanded 
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by a power series as in Equation 3.2.1.1. In this case, the M(k,;,1—k; A, A2)’s 
are given by Equation 3.2.1.9 using the coefficients e, of Equation 3.2.1.7. 
Therefore, the problem is how to obtain e, in this case. In Section 3.2, Example 
(ii), the case of the simplest possible nonlinear characteristic of Equation 3.1.20 
has been shown to explain how to apply the general formula derived in Section 
3.1. The reason why the power series expansion case is only shown here is that 
the physical insight can be acquired more easily than with the other cases. For 
the other expansions, the results can be obtained by making n = 2,k, = 1—k, 
in Equations 3.2.2.6, 3.2.3.6 and 3.2.4.3. Now, using the formula from Equation 
Sy PA RIE. 


J, (Ary) Ji ~~, (A2Y) 


=e rey 


q=1 


ky 1-k, oc 20 
ee) 
re Tee eee 
i 2¢m, + my) + (kyl +11 —&)) 
() 


m,!(m, ar |k, |)! m!(my aF |1—k,|)! 


F Azm + lal 42m +11 A ny 2m + me) + (Veil +1 dal), (3278) 


Therefore, the e,’s are given by 


fe Eves Coes 
eta [1 —*,| 2 


1 
q— 5flkil + [1-4] + 3 2m, ra 

» ltlali-Al sy (3) Jae) 

EN 2 m,!(m, + |k,|)! 
2 My\(my + |1—k,|)! 21) 

where 
wy [eile cake aed 

(ai toed eateeadal eae (3.2.7.10) 


Since Equation 3.2.7.9 is represented by a finite single sum, the analysis is very 
simple. 
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3.2.8 One or Two Signals Plus a Gaussian Input 


The case where one or two carriers occupy a substantial portion of the total input 
power and the rest of the signals only occupy small portions of the total power, 
when there are many carriers, will be analzyed. Therefore, the total input is not 
a Gaussian process but the rest, excluding the above mentioned one or two 
carriers can be assumed as a Gaussian process. Thus, the input to the nonlinear 
device is given by 


e = Avett Over Ie +791 it, Ay e oot @a)t + J balt) +780 


+ N(t)e!?! 


A, exp[j(@p + o,)t + jb,(t) + 79;] 


+ A, exp[j(Wo + @2)t + jb2(t) + j82] 


N, 
jJ@ot + tan” '— 


+ VN2 + Ne Ne, G2 si) 


Then, the output component whose angular frequency is Wp + k,@, + kyo, 
is 


N, - $: 
‘ : * ‘ jtsan(%) x oc 
e Hloot kyo, + kyw2)t + jkr, + kod) e N. a yJi (Avy) 


Jy (Aoy) Je(VN2 + Ny) Ji(yp)pa(pye? dy dp (3.2.8.2) 
where 


Let us obtain the signal components from Equation 3.2.8.2, which are the 
components k; = 1, ky = 0, k; = 0 (the case of ki = 0, k, = 1, k, = Ocan 
be obtained by replacing A, and A,) and k, = 0, ky = 0, k3 = 1. 


@h= 1, h=% = 0: 
eloot at + jor ‘ i yJ (A, y) Jo(A2y) 


Io VN2 + N2y)Ji(py)pa(p) e# dy dp. (3.2.8.4) 


This is not the signal component still because of the time variation factor 
Jo( VN2 + N2y¥). To obtain the real signal component, the average on this must 
be taken 


Et Jo(VNe +N2yh=e ? y (B20,8.5) 
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Thus, the signal component in this case is 


ore RO), 
(wy + w))t + jd epi 
ee ene. ale yJi(A1y) Jo(Ary) € 
-Ji(yp)pg(p) ee!” dy dp. (3.2.8.6) 
If A, = 0, this can be simplified, i.e., by using the formula 


_ RO) 





feo} y? 
i yI(AryIypye 7% dy 
(A? + p?) 
1 aR® Aip 
eee yea posta 30.807 
R(0) ~ ‘\ RO) ( ) 


Therefore, in this case, Equation 3.2.8.6 becomes 


wet oe Ee: A 
got ent tio e 20 | e 2 if (4) 
0 oO 


- pg(ap)e™ dp. (3.2.8.8) 


If the Gaussian signal is small, i.e., 


A 
(“) Seal (3.2.8.9) 
Oo 
A, 
=P 
A, e° 
oO 


the integral of Equation 3.2.8.8 can be approximated by 


— % af ga os 1 iv 
Gage | e * & Vog(ap) ele) 








Y T\ A, 


et As\ 
7 eaelh | sale if(p) 
i I fi Ves(ope dpe C28) 


Because of Equation 3.2.8.9 and g(ap)e//°") does not change much when p 


changes as A,/o + a (a should be the smallest possible number since e~“’? is 
very small), the above result can be further approximated as 
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1s A g(A ) e df ip 1 a 
TAN Ge me p 


l 
= We xX \V2n g(A,) et” 


= 9(A,)ef@v, (3.228412) 


Then, Equation 3.2.8.8 becomes 


9(A,) CLAY e Hoot ont + ior (3.2.8.13) 
This result is expected, since the Gaussian signal is small and can be ignored. 


(ii) ky = ky = 0, ky = 1; Equation 3.2.8.2 becomes 


N 
a jran(%) Sou (he 
ere Me i i YJ(A1 y) Jo(Ary) 


-J,(VN2 + N2y)J\(yp)pa(p)e4 dy dp. —(3.2.8.14) 


The autocorrelation function of 


N. 
jron'(%) 
2 SIAN NENG) 


is given by Equation 3.2.6.19 and by expanding /,(R(7)y, 2) by a power series, 
it is easily determined by deriving that the signal component of the Gaussian 
signal is given by 


fee eee 
IN.) + iN@le”? | | yeaa) 
0) 


_ RO), | 
-Jo(Ary)Ji(yp)e 7? pe(p)e! dy dp. (3.2.8.15) 


As mentioned before, if there are many signals and none of them dominates the 
other, then the input signal is a Gaussian process and the signal components for 
this are given by Equation 3.2.6.3. The rest of the components of Equation 
3.2.8.14 consists of the intermodulation products among the Gaussian input 
whose level is changed by the existence of A, and A. If A, = 0, then Equation 
3.2.8.15 becomes 


B40 fe 2&8 
N(t) e/°ot — e 27 Z 
20 


0 
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0} on( 40) = (41) n( 420) |econren dp (3.2.8.16) 


where the formula was used, 
ee RO) , 
2 noe 
i y Jo(A1 yy) Ji(yp) e dy 


1 _ (Ai +p?) A A A 
eee cea (2) (22) bs (41) (42). C2817) 
oO oO oO Oo Oo 


Now, the autocorrelation function of Equation 3.2.8.2 is given, using derivations 
similar as those in Equations 3.2.6.11 and 3.2.6.12 by, 


1 = iloy+ k,@, + ky) E {ese — o\(t+7)) e Tkkb0) = BE 


2 
. 7 k3 Ts Oba Ving be 
ER) + iROIeLRC@I® || | i 12 


= SAG Vi) Fa(Ar Vi) Ji, (Ay 2) Jx,(A2 Y2) 


"J (P1 Yi) J1(P2 ¥2) Pi P2 8(P1) 8( P2) 


R(O 
SO 2 +) 


explif(p1) — if(pr I (R@yiy¥2)e 7 


* dy, dy dp, dpp. (3.2.8.18) 


2m +|k,| 
bs 


POEM rere oi 


Using the following expansion, 


[R(7)] 2m +|ks| 


pan laeealeal (3.2.8.19) 
Equation 3.2.8.18 becomes 
l 


cr + ky@ 2) E {eshor e oii + 7) 
1 


: E {e FO — d6+ NTR (7) et jRAt)\® 


2m + |k| 
: R())2" 
Maia) ee 


— ks + |ks| —— Eee 
Ma) ~ mi(m + |k3l)! 


le oC 
2m + |k3| +1 
0 j Y 





Intermodulation Analysis 177 


RO) D 


Se 


Y 
Te ArWIn(ArySicyp)ps(pete % dy dpl . (3.2.8.20) 


These integrals are very difficult to evaluate unless the function g(p)e// is 
given in an especially convenient form as in a Bessel expansion (Equation 
3.2.2.1), which will be analyzed later in this Section. However, if A, = 0, all 
the terms of k, # O disappear and now k,; + k, = | instead of k, + ky, + k; 
= |. In this case, the terms corresponding to |k,| + |k3| > 1 (the intermodu- 
lation products) are out of the band in most cases as shown in Figure 3.2.8.1, 
1.e.,k, = 1,k, = 0, A, = 0 (k& = O). From Equation 3.2.8.20, the autocor- 
relation function of this component is given by 


i eareaee id, (t) — j . 
5¢ CONE Tae TC) 2 Im 2[R(t)]* 


RO), 


i y(AiyJi(ype 2 dy 


2 





| ae aR(0)” Jo 


; p2(p) et dp 





= 1 -iteo+onr g {eli -JO4 OVS” mt]? 
») 1 m=0 


| b Aj + p? 
2 2R0) 
R(O) 








| 02(p) e Jf) 


2) 
_7 (Ae 
: (48) : 


[R(t)]*” CIM 

where the formula of Equation 3.2.8.7 was used to derive this result. The term 
= 0 is the pure signal component which is independent from the autocorre- 
lation function of the Gaussian process, and the term m = | gives the noise 


components falling around wy + w,. The term of m = 0 is 


dR(O)” 





1 Hoot ont pp fg J ~J10+ 
2 >; 


Ay =21 1A é 
exe( - 45) | pe 2} (426 )feionre »} dp 


This is the same result as in Equation 3.2.8.8 but Equation 3.2.8.8 is the time 
function. That of m = 1 in Equation 3.2.8.21 is 


2 


(621802) 
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2 
=e [or et E {eI —Joierm RG) 
8 R(O) 


[ol (Se) oC) ~ f2- = (2) Jal 


2 





Aj p? 
A A - -% i 
. (446)12( 40) |« eee. EdD 
oO oO 


This is the third order intermodulation product and it is only important from 
a practical point of view in most commercial satellite communications. Since 
the result of Equation 3.2.8.23 is given by a single integral of p, the evaluation 
is easy to realize by computer. The autocorrelation function of the (k; = 1, 
k, = 0) component is given (assuming A, = 0) (See Figure 3.2.8.1), from 
Equation 3.2.8.20, by 


(5228225) 





os 


1 : —JMOoT PEK Cee 
BAG) + jRt)]e! 2. 22+ 1m'(m+ 1)! 


R(O) 


oC oS y 
I | yen 2 (Ay) si pye. 1 pep) 


2 


2 





- ef) dy dp 





oC 


I . See so ACs 
Re en Ole a> am, 





mea ee WO 
ae Jo(Ayy) J 
|, (ao ap Jo yJo(A1 y) Jo( PY) 


RO), ; 
ee We iy| pa(pye”™ dp 
= _ [R(a)]?” 


0 — Jot 
OE Ne) ge 


[at ae) a) 
0 aR(O)” | | R(O)2 °\R(O)/ —R(O)? '\ RO) 


2 





Il 











Ai + p? 


oe TRO) joeiren dp 





(3.2.8.24) 





where, using the formula of Equation 3.2.8.7, 
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= RO) , 
0 ath 

= | yJo(A; Y) Jo( py) e dy 
dp JO 


= p Aip AG Aip is 
lr ales, + Aon (22) (3.2.8.25) 


In Equation 3.2.8.24, the term m = 0 gives the pure signal component for the 


Gaussian signal, 1.e., 
LICR Gye RAG eal A 
4 0 o 


R(O) 
Ai), [A -£ -3 

2 a (0) Je 2 en Ae' gape! OKdp 
oO Oo 


Thus, the power spectrum of this component is proportional to that of the 
input and only the level changes with A,. The third order intermodulation products 
for the inband Gaussian process (see Figure 3.2.8.1) is given by the term of 
m = | in Equation 3.2.8.24, i.e., 


Le | Ona) Ra) |” 
8° R(0) ee 











2 
(3:2.8.26) 








2, 


32:38:27) 


re 4 | 
+ 4b (4p) | * g(op)e™ dp 





As repeatedly explained, in most commercial satellite communications, the terms 
for m = 2 can be ignored. The Bessel expansion of Equation 3.2.2.1 makes the 
calculation of the general solution for the output autocorrelation function in 
Equation 3.2.8.18 much easier, i.e., by substituting Equation 3.2.2.1 into Equa- 
tion 3.2.8.18, the integral of Equation 3.2.8.18 is given by 


1G IG 2 oc 2x oC 
bob le |, J, I 
=, 2, Si 2821 | Ma aly oe Yi Ye 


; Jn (Ar Vi) Je(A2 Vi) Je, (At Va) Je (A2 V2) JP 1 Yi) 


* Ji (P2 Y2) Pi P24 (AS; p1) J, (a2S5 2) L,,(R(7)¥1 Y2) 
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( 
Saal + 3) 


me dy, dy» dp, dpy 


L 
Poe DEI, (AyOS;) Jp,(A, oS.) 


ive 


_ RO) 
: Jy(A2aS,) Jx,(A2 aS) é : 





(S? + S3)a? 


. I,,(R(t) «7S, S9). (3.2.8.28) 
Thus, in this case, Equation 3.2.8.18 becomes 


1 y= ilo + ho, + ky@)t E fe TAi® ~ ouers) e FOO — dx +) 


2 


(R(t) + JRAt)]®[R@)]—-*® s s bs b& 


Sei = 
* Sx (A, aS) Jp, (A1 S23) Ji, (A2 @S;) Jp,(Az aS2) 


R 
- 0s: + S3)a 


e e (R(t) a2S,S>). (3.2.8.29) 


The result of Equation 3.2.8.28 can be obtained by using twice the formula 
of Equation 3.2.1.11 for p, and py. Once the coefficients b;’s are obtained, 
which can be done easily [55], it is not difficult to evaluate this sum. This result 
can be simply expanded to an arbitrary number of carriers (instead of two) plus 
a Gaussian case (see the details in [55]). 

Expanding /,,(R(t)a?S,S)) by a power series as in Equation 3.2.8.19, the 
double sum can be reduced into the single summation as 


xe —j (Oo + k,@, + ky@2)t E {eth — o(t+7)) 2 Jklb2) = oa 


R 2m 
[RA) + JRGIPIRG) #2“ SY am + 


2 


z = 
Sibi, Aes) iArasje 2 Vesna (3.2.8.30) 


RO), 2 
Oe 





In a hardlimiter case, the integrals of p, and p, in Equation 3.2.8.18 can be 
done, using the formula of Equation 3.2.5.2 or 3.2.5.3, Le., 


[- [norm coord orprg(or) g(r) ee dp, dp» 
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= | - (3.2.8.31) 
V1 ¥2 
Then, Equation 3.2.8.18 becomes 
88 jlo + kin + kya) E {eH — oi +7) e Hol) —Jooet my 
2 b 
SRO GR Rae | |, (Yi'¥2)! 
EO a8) 
, J (Ar Yi) Se,(A2 V1) Je, (Ai Y2) Je,(A2 Ya) & 
: I,,(R(7) ¥1Y2) dy, dy 
ae 88 ion + ko + k,02)T 
» 
‘ E {eso — }(t+7)) PLAC) a Oe a 
TRG) yRi@)I (RG) ei ale 
ve [R(x]? 
m=0 m!(m oF Real ten 2 
x 5 BO) Ne z 
if Wee N eS LT (Ay) tee y) er ai v Paulas 2s8e82) 





The integrals with respect to y can be evaluated by a computer (only a single 
integral). 

As explained in Figure 3.2.8.1, only the intermodulation products that are 
falling in bands will be shown in more detail as shown above. 


(i) ki = 1, ky = ky = 0(Ay = 0) andm = 0; 


DD 
ey E [elo -die+m)] 
i] 








2 
= Py E {eH ~ ditto 
1 


E eat (—1)"(2m)! Ai 2m+1)2 
3 aa ee (eee) 





Intermodulation Analysis 183 


In this case, if m = 1 (third order intermodulation) 
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$0 ,-oot ot p {eid —joietay 

2 > 

RO) , 


~ = 
i yi(A;ye 7% ~ ay 
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; ZIRE (3.2.8.34) 








where 


RO. 7» pen 
DS ma 7 
J\(A = dye= |= — 
[4 (A, ye oY 5) ats (4) 











2 
(48) (3.2.8.35) 


Therefore, Equation 3.2.8.34 becomes 


2 2 
&0 —J(@p + @))T E JO, (1) — jb\(t+7) R(7) 
o o) Me }| £2 


enon. ee Ai\]\° 
{3 (#). ae } (24) = (4) |} _ (3.2.8.36) 


(ii) ky = ky = O(A, = 0), k; = 1 (m = O) (pure signal of the Gaussian signal); 


la 


RO, 12 


cd y 
[ J((A;y)e ‘i dy 


0 


eee : 
_ 88 5 jane | RCo) + jRiCa) ze m0 ( A) G.2.8.37) 
4 R(0) 2 4R(0) 


where the formula 


8 —J@oT 1p iR 
Tee [R(t) + jRi(7)] 








= RO), neiAta 
i RI is a ge A Ser U5 a (3.2.8.38) 
ott oad 2 VR(0) 4R(0) 


was used to obtain Equation 3.2.8.37. The component for m = 1 (third order 
intermodulation for the Gaussian signal) is given by 





2 
ry FOOTER () + JRAT)IROI? 
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x _ RO 
| rvtane 3 dy 


0 
Seah + ink) || BOD] (=) 
iar he R(0) RO) | \2 


2 
eet eCro mane eco 
2 \R(0) 4R(0) 2\R(0) 4R(0) 
fA 
me eek) (3.2.8.39) 


where the formula 
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: RO), 
i yJoAiye 7 ay 


ee Ds) 


20 y 
ee Jo(A 2 d 
AR(O) Jo (A; y) e oy 


Al 
ee ee i (4L) 
eae 2VRO® = °\4RO) 


A ta 


[R(O)]*? 4R(0) 


A? A? 
‘3 sul n(4L)], (3.2.8.40) 


3.2.9 Large Backoff Areas 











It is very useful to know about intermodulation products in a large backoff area 
where a simple formula can be applied and where the results for a smaller backoff 
area can be extended from those in the large backoff and are not very different 
from the real values. Therefore, the intermodulation analysis for the large backoff 
areas will be done in this Section. In large backoff areas (the input backoff below 
— 10 dB), the phase change of the nonlinear devices is proportional to the input 
power (except in some SSPA or linearized TWTA or HPA cases probably) and 
the amplitude characteristics are linear, i.e., g(A) and f(A) of Equation 3.1.26 
are given by 


g(A) = goA (go 18 a constant) 
f(A) = BA? (radian). (322-9 eI) 
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Thus, 
g(Aye#4 = g A ci8A’, (3.2109) 
Usually, in large backoff areas, the value of BA? (radian) is small and therefore, 
See ero A LGAs) 
= goA + jgoBA?. (82-973) 


In this case, considering the third order intermodulation product is enough, 
since the higher order intermodulation products are much smaller. The result of 
Equation 3.2.1.9 can be used now directly with the coefficients a,,, 1.e., 


Qo = 8o 
Q) = JgoB 
a, — 0 (m= 2): Gr279°4) 


For simplicity’s sake, it is assumed here that all the signal amplitudes are the 
same (A; = A, = A3,..., = A,). Thus, the coefficients e,’s of Equation 
3.2.1.7 are given, from Equation 3.2.1.7, by 


(i) k, = 1, k& = 1, kj = —1, all the others zero: 
—[J,(Ay)PlJo(Ay)]" > = » CMa (3.2.9.5) 
(ii) kj = 2, k, = —1, all the others zero: 
—[AAy MN AyI[JolA yl"? = S eae: (3.2.9.6) 


q= 


From Equations 3.2.9.4 and 3.2.1.9, it is clear that only e, and e, have to be 
evaluated. 


(i) Cie = 0: 
2 = - =A (CRON) 
(ii) e; = 0: 
1 
= —-—A?, Ba 
e2 16 ( ) 
Thus, 
(i) Glee eel kU, tease oe) 722084". (3.2.9'.9) 


All the other cases give the same results for this type. 
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(ii) M(2, 1, —0,0,...,0) = jgoBA?. (3.2.9. 10) 


All the other cases give the same results for this type. (Note: Type (i) is 6 dB 
larger than Type (ii).) 


Based on the above results, for two equal amplitude carrier cases (n = 2), 
C/I (single signal power versus single intermodulation power) (no type (i) in this 
case) at the output, is given by 
2 











sais leNEELOsANA yi Hlitigeds \ininolannd 
1) = MQ, =1:4,4)| ~ [iso] ~ @aD* 
2 
180 


where F(X,) is the single carrier phase given in degree and X, is the input 
backoff of a carrier in dB. Thus, 


(C/I) (dB) = 35.168 dB — 20 log, (F(X,)). (3.2.9.12) 


For three equal amplitude cases (A, = A; = A3) (n = 3) and spaced at equal 
frequency (€.g., @) — w; = 3 — Ws), the signal power at the center frequency 
(@9 + 2) versus the intermodulation power falling on the frequency (a. + >), 
(C/T) is given by 














BoA M(1,0,0;A,A,A) |” 
(C/I) = ETS = CNG a 
Y 2 
1 1 180 
=— x || ——— By 8) Il 
‘| Fas | ( = 5 ( 9.13) 
1.€., 
(CM) (4B) = 29.16 dB — 20 logy [F(X,)] (3.2.9.14) 


where F(X,) is the single carrier phase given in degrees and X, is the input 
backoff of a carrier in dB. Since the total input power for two carrier and three 
carrier cases is 2A*/2 and 3A*/2 respectively, Equation 3.2.9.11 becomes 


(Cl) ee ee 322.915 
(BP;)? : 
Equation 3.2.9.13 becomes 
Je wl 
COD = 29% 
(C/T) 16 (BP, (3.2.9.16) 


This result shows that the value of (C/I) for a three carrier case is 2.5 dB 
worse than for a two carrier case if the total input power (backoff) is equal in 
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both cases. Note here that there is only one intermodulation product falling on 
Wo + Wy, (center frequency) in this case. Since obtaining the number of the 
intermodulation products falling on the center frequency in general is tedious 
(even if one assumes that the levels and the frequency spacings are equal), the 
case with a great number of carriers is analyzed as follows. Substituting Equation 
3.2.9.3 for Equation 3.2.6.26, the signal output power spectrum of this case is 
given by 


9 





S63 p? 
1 -= ; 
Wy(f — fo) Fs | p2e * {goap + jgoRo%p*} dp 


pe? 2 


= Wy(F =< So) So | op en1 “dp 
a Jo 








= g3Wr(f — fo). (3.27917) 


The third order intermodulation product power spectrum of this case is, from 
Equation 6.2.6.29, 


| 
9g Wulf) © Wf) © Wwf) x 64 g6B7 


= 82687Wy(f) © Wa(f) © Wa(—f). (3.2.9.18) 


Since it is assumed that all the carriers have equal power levels, the output carrier 
power at the center frequency is 


et (3.2.9.19) 


and the intermodulation power of all the components falling at the center fre- 
quency is given by 


8 928? x Pa (3.2.9.20) 
Therefore, 
ga 
(<) 2 —1— x ea (3.2.9.21) 
6 4(B Pi)? | 


Comparing the result with Equation 3.2.9.15, it can be said that (C/I) of many 
equal power and equal frequency spacing carrier case levels is 6 times worse 
(7.78 dB) than a carrier case with 2 equal power levels. As seen from Figure 
3.2.9.1, the (C/I) values at the band center frequency become worse and worse 


(C/1) (Carrier Power / Intermod, Power) (dB) 
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Case of Equal Frequency Space 
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Figure 3.2.9.1 (C/I) versus Input Backoff 


when the number of carriers increases in large backoff areas and converges into 
the limiting values in cases where there is a great number of carriers (Gaussian 
input case). In small backoff areas, the (C/I) values become almost independent 
from the number of carriers. 


3.2.10 Coherent Intermodulation Products and FM Demodulation 


In the previous sections, the time domain representations and autocorrelation 
functions (the Fourier-transforms give the power spectra) of the intermodulation 
products and signal components for various nonlinear devices, are shown. Since 
some intermodulation products and signals are coherent with one another, the 
evaluation of the effects of the intermodulation on FM signals demodulation 
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leads to errors if the power spectrum of the intermodulation products only is 
used where the coherency is lost. Therefore, as an illustration of typical cases, 
a three carrier case and a carrier with a Gaussian signal case are analyzed for 
simplicity’s sake. Precautions in dealing with general cases will be discussed. 


3.2.10.1 Three Carrier Case 


Consider the case of n = 3 in Equation 3.1.24. 
The input to the nonlinear device is 


3 
Ee) = Ly Ape DNOLD) 
pad 
Let us take the intermodulation products (kj = 1, ky = 1, k; = —1) and 
(k, = 1h, ky — = il. k3 = 1) 1.€:, 
Mie —1Ai 2A, Ag) ef Pot Ort n= M3) F5O1 FIO Js 
and 
WA(legers Ugeli Avey Ane As) ef Coal me? eae er eats (30. 10IM2) 
where 


M(1, 1, —1; Aj, Az, A3) 
= M(1, —1, 1; Aj, Ao, As) 


At 


freq. 





Coherent 
Inter modulation 
Products 


Figure 3.2.10.1.1 Three Carrier Coherent Intermodulation Model 
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(Gr7.OnIe3) 
where 
UIE Ge CCU) (32/0914) 
is used. 
The two intermodulation products considered above are located at the fre- 
quencies ®) + o, + Aw (Aw = 3; — wy) and it is assumed that these 


intermodulation products fall in the signal band of the A, carrier as seen from 
Figure 3.2.10.1.1. From Equation 3.2.10.1.3, the complex amplitudes of these 
intermodulations are in the same level and same phase. Therefore, represent 
them by M; as 


II 


M, Md, 1, —1; A;, A>, A3) 


Mg 181; Aj, -AgwAs): (3721025) 
Then, the total of the signal A, plus these intermodulations becomes 
M, efor evetses 


ce M, Bion +O. — 3)t tj (hb, + by — $3) 


a M,eJ or: ~ 02 +03)t+ jb; —b2 +3) (Oo 10.1.6) 
where 


M1, 0, 0; Ay, Az, A3) 


= i, i VI (A, y)Jo(A2ry)Jo(Asy)Ji (yp) pg(p)e™ dy dp = M,. 
(S221 031s) 


To consider the demodulation of the A, carrier with these intermodulations, 
rewrite Equation 3.2.10.1.6 as 


M, cf@otevetser h els M3 ooo) ne M3 renter 
il 1 
= M,B(t) exp[j(@po + o,)t+ jb, + jO(] 
(3:2.10-1.8) 


where 


} 


M 
BO): = r a 27 cos(Awt + 3 oy) 
1 
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5 
O(t) = Im loa + “it costdor +é~ 6s) |} PS ohne 2) 
1 


After the hardlimiter of the FM receiver, B(t) becomes a constant and since 
|M3/M,| << 1 in normal operating conditions, 


Q(t) ~ {im| 2(%2) || cos(Awst+3— 5). (3.2.10.1.10) 
1 


Therefore, the demodulated intermodulation products are given by 


Ey eae Ms 
52 6(t) = SF [{ m2 rat cos(dor +63) | Pez Oalet 15) 


The power spectrum of this component is given by 


2 

M 

fin ie ) | Pewse0 © Ws) heay—ap + (Wr) © Wi) rapeayt- 
1 


(352, 103112) 


where —%© < f < », W,(f) and W3(f) are respectively the power spectra of 
the A, and A; carriers whose center frequencies are shifted to zero and whose 
total powers are normalized to unity. If the above coherences are not considered 
in the FM demodulation, the power spectrum of the demodulated intermodulation 
products is quite different from Equation 3.2.10.1.12. The power spectrum of 
the intermodulation products given by Equation 3.2.10.1.2 (both added), is 


! 
5 1M5/71Wi (x) © W2(x) ® W3@)heap-p-p, af 


] 
+ 5 (Ms? (Wi) © Wi) © Ws@lapp-prar O<S) 


(S22 AOE) 


where W3(f) is the power spectrum of the A; carrier whose center is shifted to 
zero and whose power is normalized to unity. Considering Equation 3.2.10.1.12 
as the power spectrum of the interferences to the signal (A, carrier), the de- 
modulated interference power spectrum is given by 

2 





: {[W, (x) ® W(x) («) W3(x) &) We) earns 
1 
+ [W, (x) ) W(x) &) W3(x) ® We) pons (2 <f<~), 


(are ORES 


The difference between the correct result in Equation 3.2.10.1.12 and the in- 
correct one in Equation 3.2.10.1.14 is very clear. 
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3.2.10.2_ Large FM Carrier and Many Small Carriers 


This case corresponds from a practical point of view to a large FM carrier (FDM/ 
FM or FM/TV) plus many SCPC carrier cases. As explained in Figure 3.2.8.1, 
only the inband intermodulation products will be analyzed (i.e., k, = 1, ky = 
0,k; = Oandk, = 0, ky = 0, kj = 1 with A, = O in Section 3.2.8). In this 
case, the input to the transponder is 


e(t) = A,ei@otevItI1O 4 NA) ef?! (320221) 
Then, the output is | 


N, 
J(@o + kw, )t + jk, od, + fC. — kj) tan~! N. 


€o() = : >» Mk, 1-4, IN| 
(= =e 


(3.210322) 
where 


M(k,, k= kes Ay 





N|) 


= i | Wr (Ary) Si-n, WNO + NZ y)Ji(yp)pa(pye™ dp. 
(3,.2¢10.223) 
From Equation 3.2.8.8, the pure signal component of the large FM carrier is 
Miele (3.2.10.2.4) 


where M, is 


Eps p? ; 
aa si eA 
Marte i e (4) pg(apye*%°) dp. (3.2.10.2.5) 


Thus, éo(t) for e; of Equation 3.2.10.2.1 (only the components of k; = 1 and 
k, = 0) can be represented as 


, toa : : 
M,e7@ot ent JP (t) + [M(L, 0; A,, N|) — Ms] ef Oot OttjorO 





= B(t)Mg el or evi F701 +78 (3.2.10.2.6) 


where, in a way similar to Section 3.2.10.1, 


acne im Me (ey 








Ms 


M(1, 0; A,, |N 
= im 041. : BON} 
Si 


N|) - vst 
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The autocorrelation function of this @(t) is given by 


[te “ob, nthe 0; AN 
Ta Re 
N Ms; 


- Re |e 0; A,, [N(#)|) MCL, 0; Ay, 
N |M;5|? 





E{6(t)6(t + 7)} 





E 
2 





N(@|) MQ, 0; Aj, 
Mz 








nae | 
I 


hg {ue 0; Ay, eal 
2 


(3.2..1032.8) 
Using the formula from Equation 3.2.6.17, 
E{M(1, 0; A, |IN@|) MC, 0; A;, |N(@¢+7)|)*} 
N 





e j, j, |, |, Vi V2 (Ary) Ji (Ai 2) Ji (P1 Vi) 41 (P2 V2) Pi P2 


RO) 


< 2 (yi + Y3) 
i 2(p1) (pref Pre Here p) 


*Iy(R(t) ¥1Y2) dy1 dy2dp; dpp. (372210529) 


The second term of Equation 3.2.10.2.8 is given by replacing e IF) by 
e//2) in this result. Thus, an average {6(1)6(t + 7)} becomes 


PNR); = i ie it {P Vine 


: Ji (Ay) Ji (Ar Yo) J1 (P1 V1) 41 (P2 ¥2) P1 P2.8(P1) 8 (P2) 


R(0) 








ae iio) elf?) 
Regen In(R(t)Y1Y2) fin vp || 
If(P2) 
. in| Ms | erase (3.2.10.2.10) 


Expanding Jp(R(t)y; y2) by a power series, 
E{0()0(¢+7)} = » (27 rel) eclRa)I-7 


_ RO, 


oC oC yr 
Lf [iver sarnscrre > pg(p) 
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2 
elf) 
: In| dy ‘| (Si210.-27 11) 





where the term of m = 0, 1.e., 


A? ; 5) 
Sarl sae. eif(oe) 
c 22 pe 2 & ») ator) in| 7; }ao| (GrZalOP I) 
0 


S 





is the direct current component. 

The formula of Equation 3.2.8.7 was used to obtain the integral of y for 
m = 0 in Equation 3.2.10.2.11. The term from Equation 3.2.10.2.11 of m = 1 
gives the third order intermodulation product of the inband for the A, carrier. 
Using the same formula as that of Equation 3.2.8.21 (for m = 1), this inband 
third order intermodulation product is 


HP Co sls) few 8) 
vf) ae) 


elf(EP) R(t) 
eon} iy | ao] Ea (32.10.2313) 


The Fourier transform of this result gives the power spectrum of this inter- 
modulation, where the Fourier transform of {R(7)]* is Wy(t) © Wy(— f) and 
the other factors are constants (see the definition of Wy(f) just below Equation 
3.2.6.12). If g(p)e/" is expanded by a Bessel expansion (Equation 3.2.2.1), 
the fourth-fold integral of Equation 3.2.10.2.10 can be simply done as in Equation 
32.0. cere 








b, - AO ita? 
E{@(t)@(t+7)} = S > im{ i mate 


S;=1 S5=1 


3 J, (A, as,)J, (A, as) I) (R(t) 075,55). (Ber 10.2. 14) 


As seen from the analysis done in this section (or as in Section 3.2.10.1)), the 
coherences of the signals and intermodulation products must be considered in 
the analysis of the demodulation. Otherwise, the analysis becomes misleading. 
In the next section, the precautions for treating this problem will be discussed 
in general cases. 
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3.2.10.3 General Coherent Intermodulation and FM Demodulation 


In Sections 3.2.10.1 and 3.2.10.2, two special cases were analyzed to show the 
importance of the coherent intermodulation products. In order to analyze general 
cases, let us go back to Equations 3.1.24 and 3.1.39. In Equation 3.1.39, 


Md, 0,0, . . ., Dero PD! cI1O = eh =VT IMO — (3.9.10.3.1) 


is assumed to be an FM signal at the output of the nonlinear device. Now, 
Equation 3.1.39 can be rewritten as 


M GI Our en IO) 
Ss 


Ms 


ft 
ky 


> 


as ky an ky 


Us ante ar Soo ar dee 1) 


> M(k,, ky, Ob a k,,3 Ay, Ao> cas sa As) 


. CIO Ors take, @) \t+j(ky Oy + koh, + as + ky ®p) 


non 


= M,el@otorntio a i 


Ms 


oC 
ek 
ky= 


l 
M, ¢ 
(ky thy t+ + y= 1) 


BAT eis lee CAA eee Ae en en 


p=2 


. . Jk Ott jk, b = B t Jy +O t+ jo, 
age ea? J PSB YS (3.2.10.3.2) 


Sie eos 


where in the summations means ‘‘to exclude the component of M,.’’ In a 
way similar to Sections 3.2.10.1 and 3.2.10.2, 0(¢) can be approximated as 


o 


1 2 
0(t) ~ Im] oa) i a ae hs ee aA oui a As) 
M, k= k,= 


Gtind 4 k= 1) 
Jk, = 1)@,tt+j(k — 1%, rl Fk pt + jkpPp D 

(@ e 
op? (82-1033:3) 


Since the demodulated intermodulation products are 1/27 d/dt 0(t), the power 
spectrum of the demodulated intermodulation products is the power spectrum of 
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9(¢) multiplied by f?. In order to obtain the power spectrum of @(t), the auto- 
correlation function of 6(¢) must be obtained, i.e., 


1 1 i = a az 
= Ree zhi: r Seu Y 


(Us ar 789 Se He IN) (Gy ar Pom Ey = IY 


Migs RA aloe ALM Cee oe eee Ae 


> efi DOt “FE VYOUE+) Bik 1) —F(Ey— NOH) 





n ? n z 
ll el kp,t* Pp, @) i ae 


p\=2 p2=2 
Bee el ss oi y S ei Se (ky ~ 1) @y0+ jE, ~ oy (e+) 
2 Me ‘ 
G (st =e k,=—& y= 82 Gy 8 
US) ar 2O2 ae 2 )) (Qi ae eee se = T)) 


« pdlki~ 1) OO +E, = 1) (e+ ; 
Ct ONO SEEM (Riankky ce heaps Ay eee ee 


Jk 


ppt + Op, O) 


BL ER hy 8 oe Loops as 


p\=2 


i BRACKET Gs (3325103354) 
pr=2 


In order for each component of the first term not to be zero, 


ky, = 5, 
Pi = po. (3.2.10.3.5) 


Also, for the second term, 


be 


Py P2 


| Epa ad 15 (Bez 35105356) 


Equation 3.2.10.3.4 becomes 
R E Sy 
a Oe 
2 S 


1 
2 
|M,| is 
. a n 
»e IT DE1t Gili IWld,0-o,0+9} Il e 2%" sigeoa 
p=2 


x 


De ee eae 





n 
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1 1 . % : ; 
— — Re Es — 5.00 , ~H(ky 117 (ky — 1)(O1() — b(t +7)) 
2 (a ee 2 ‘ 
il e Skee” eikp {piv itp + ») 
p= 2 
Sa (Ka Ky,, « . ATS oa eee: 
Ma —Ki; hte Bos Os) — Kappos O16 one (3.2.10.3.7) 


Since all the ¢,’s are interdependent in most practical cases, 


E(0(090 +} =F Ref SS ne S eo Jk ~ Det 


ky=—% Rae 


n 
- Tl eS kp®p™ Bett nele-nieo| 





p=2 
2 
2 E a eFklon® — %e+7)] M(k,, «er (4:9 kK A, > 6.507) A,,) 
p=2 M, 
WR I ae Ks Ajit onsscAs) 
Oa ice Key ae = ps Agee eA 
: i | . (322210.3:8) 
The case of Section 3.2.10.2 is a special case of this result, where n = 3 
and the components (k, = 1, ky) = 1 and kz; = —1) and (k, = 1,k, = —1 


and k; = 1) are only considered in the summation >’. In the computation of 
the demodulation intermodulation product power spectrum, the averages in Equa- 
tion 3.2.10.3.8 must be done first, where if ,(¢) is a Gaussian process as in 
FDM/FM cases, 


E{eskloo-oet Ih = ek Ro) —RoO)] (Bez 10is, 9) 
co) 


R,(7) is the autocorrelation function of (t). Then, the Fourier-transform of 
Equation 3.2.10.3.8 with respect to T gives the power spectrum to be obtained, 
where the Fourier-transform of Equation 3.2.10.3.9 is the power spectrum of 
the FM signal 


\V/2 sin(wot + kdb(t)) (3.2.10.3.10) 


whose total power is unity. 


3.2.11 Effects of a Large Carrier on Small Carriers 


When a large carrier and a number of small carriers pass together through a 
nonlinear device, the small carriers are very much affected in their phases and 
amplitudes by the large carrier, while the large ones receive only very small 
effects. This type of cases happens very commonly in practice and it is important 
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to evaluate this effect precisely. The case of a large carrier and a small carrier 
will be discussed first. 


3.2.11.1 Two Carrier Case 
The case of n = 2 in Equation 3.1.24 is analyzed here under the condition that 
AiveeesAl. (Be2 ee )) 
Then, the smaller component is given by 
MOA AinA yen 2 2 Mame! tate ee iiate?) 
where 
Min =e (Opty AA}. (6221S) 


Let us use the result of Equation 3.2.7.7 





1 [Arte A? — A3+p?][d 
M = —— cos! | 2 JF(P) d : 
A 7A, p aE {pg(p) ef} | dp 


(3.2.11.1.4) 


TA, JA,-A; 


Because of the condition of Equation 3.2.11.1.1, d/dp{pg(p)e™} does not 
change much within p = A, + Aj), and therefore, 


d 
MG E fox(ove") 
p a 


i (Gee cos 4 AS Hp? 


TA, A,—A, 2A\p 


Je G21 1 ald) 


where 
1 A, +A, Ak AAG: TE 2 
aa cos [ALA +o ze dp 
TA, JA,—-A, 2A\p 


‘ [SU p=A, +A, 
Seed eee ES 
TA, 2A,p Sut aA, 


et ae A? — A} + p? 
—_ — p — cos !4————>——— 
pagel eee (p? — Aj + A3) 


— ———[—————————_ J§n, BD AU IEE 
TREN OO! Hc rare a ) 
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Doing the variable conversion, x = (p? — Aj — A3)/2A,A, and using the polar 
coordinate transformation for x, Equation 3.2.11.1.6 becomes 


Ay (2 dd : 
aa sin 0 
wig 
where 


dé See lel 
VAt + AS + 2A,A, sin 0 





It 








A 


2 
2 Aa \ % 
—)]} +2(— 0 
x) + 2(32) 9 
1 A,\ . 
ae |] [| = [| =|) ain @) |} 

A; A; 
becomes 


(S2271071-8) 
Substituting this approximation into Equation 3.2.11.1.7, Equation 3.2.11.1.6 


BE h 2 (2) sn 0 fas 
Ayan A, 


es A ee 
as a t= (2) sin | sin 0d@ = — (“) Peale) 
Teas A, 2 \A; 


Thus, from Equation 3.2.11.1.5, 


1 
\/ Ate AP OAL AN sin 6, Ay | 
fee 


Maa = 


d A 
= ih — = 
2 4 {pg(p)e! | (22) (p = Aj). 


(Gres Ie 0) 
Using F'(x,,), G(x4,)' and B defined by Equation 2.1.3.5, 


| A 
My, = ge? ({1 + Gl%a,)'} + IBF Oa,)] ) 
1 


= 4,] S40) (PEGG ice ABRGg) ie"! 
1 


juan { BF%a,)! | 
-e jae G(x,,)’ 


(Seoul Veal 1) 
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An interesting thing to see here is that, if A; appears and disappears, the 
amplitude of the smaller carrier changes as follow: 


BAD) a WV GG) AB AGa,) I 


2A, 
(no A;) (with A,) Covi ta) 
and the phase changes as 
Ue is Gee il eel are 
far) & fly EEE 
(no Ay) Ce aU Goalie) 


Two examples are: 


(i) Ideal Hardlimiter Case: 
In this case g(p) = go, f(p) = 0, G(x,)’ = 0, and F(x,,)' = 0, then, 


peau 
§0 we oe 


(no A,) (with A;). (Geo 11 e14) 


Thus, the amplitude decreases by 6 dB when the large carrier appears. In this 
case, the phase of the smaller carrier suffers no change (because of f = 0). In 
a practical hardlimiter case, there is some phase shift. In this case, g(A,) = go, 
f(A;) 4 0, G(x4,)' = (0, F(x)’ # Q. In this case, 


Az A/T (BF, 
Coan 2A, °° SIRE ere 


(no A;) (with Aj) (2 aie) 


where the amplitude suppression is less than 6 dB because of the factor 
{BF (x4,)}’. The phase changes as 
fA2) & f(A;) + tan” {BF (x,,)'} 


(no Aj) (with Ay). (3.2.11.1.16) 


(ii) Large Backoff Case 
In this case 


2(p) = gop, f(A1) = 89A7 (radian). (ee wea es Vea) 
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The amplitude changes as 


(goA2) & (89A2) V1 + (8947)? 
(no A,) Guinan (3.2.11.1.18) 


In this, the amplitude increases when there is a larger carrier. The phase changes 
as 


TAG) = fA a tan *(OgAa = 2 0,Ac— 2ptAny 1G. 221 119) 
where the value of 6) Aj(radian) is small for large backoff areas and, therefore, 
an (OnA 7) 305A: (eon U1e20) 


For the readers’ interest, M,, in this case, can be solved exactly as follows: 


II 


Ma, = 8 |, I yJ(Ary)Jo(A1y)Ji (py) p2 e/%°? dy dp 


2 
pes 


ss 1 
= ~g0 | ¥ (20, (20,)2°! (Ary) Jo(Ary) € 748 dy 


2) 


2 ai 





0 j 
= (209) 7 80 54, Jo yJo(AsyJo(Ary)e “%dy — (3.2.11.1.21) 
where the formula 
‘ De Ey =} 
; Ji: (PY)0~ en® dps= (20,)2 © (eZ lilt) 
0 


was used to obtain Equation 3.2.11.1.21. Equation 3.2.11.1.21 can be further 
integrated out 


0 /09(A? + A3) 
My, = (280)7 * 80 54, [(205)(—j) Jo(20A1 Az) e” ] 


20 [Ant(28Ard SVR OL TAY. OID as deat CHP dso) 


With the same reason as how Equation 3.2.11.1.20 is obtained, this can be 
approximated as 


My, = golAn + JOsA7Agtie (3.2.11.1.24) 


where 
Jo (2094, A2) = 1, Jy (289A; Az) = 009A) A2- (Gare E25) 
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Thus, 
Mz, ~ (8042) VI + (8pA2)? eT elo 
; 2 
= (goAo) V1 + (Az) (3.2.11.1.26) 


where, from Equation 3.2.11.1.1, 247 >> A3, this result is the same as in 
Equation 3.2.11.1.19. 


3.2.11.2 A Large Carrier and Many Small Carriers 


In Equation 3.1.24, the power of the first carrier (k = 1) is assumed to be much 
larger than that of the total of the rest of the carrier power, i.e., 


Az n Az 
eS “(- >; (#)) G.2M2)1) 
» ee 


Consider now one of the smaller carriers, say the A¢ carrier whose output signal 
component is given by 


€-th 
MiOn0N 2 Ph 0ne a, 0) pe Conc oene: Cea) 
where 
€-th 
MORO Opes Oh 5 0) AL 


= | I WilAcy) Il Joly y)pa(p)e 
0 JO p=2 


(p¥€) 
Ji(yp)Jo(A,y)dy dp = Wibeor oe pg(p) 
“ef Ji(yp)Jo(A,y)dy dp (3 2ee2) 


where the approximation of Equation 3.2.5.7 was used to obtain the above result, 
whose validity is proved later in the same Section. Equation 3.2.11.2.3 can be 
written as 


o2 


Ag hy d it z= 5): 
MM, = meee 2 2 
aS Fonte Vo(Aiy)Jo(yp)y* e in| pg(p) 


26 (Aj_+ p*) 
ef dp = — nal 2 Fe pe ae (22) 
2, J07\i0 0) lig 
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267 


eee ies 2) : 
Cora [ 2 (2) eine 
oO 
p=0 


A} 2 


Ag yI 2 [ = i 2 A p d ws 
Te 20 20? 1 eae f(P) 
mene Re n( 2) las {pg (p)e} | dp 


eth A, \° -2e [a 
= (35) [v2 (Ho) © (Se) 
Aue 
at A =, si (0- = d 
(2) ? (440) e Z [2 bawnetinn| dp. 


BYsI2A4) 








Suppose 


A 
oo (3225225) 


Then, the integral of Equation 3.2.11.2.4 can be approximated as 


(i) In the outside of the interval of p, (A,;/o — 3, A;/o + 3), the function 
1/\/2a e (41/22 becomes very small. 


(ii) In the same interval, (A,/o — 3, A,/o + 3), 


Y A, 
A A igs) 
V2t (2 5 (2 5 Cap als G21 2.6) 


Gil) ni AViousss.rAy GO. - 3). x= opichanges (* = Aiwa 30,4 = A, + 
3a) and, in this range of x, 


z E foscorer (3.2.11.2.7) 
dp 


p=A, 


E {xg cer 


=ap 
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Therefore, 





aoa led . Peas i 
Mos 2 | If(P) [ ——_— 2 — d 
eA: EF tpg(oe H 0 VW2T ° (4 y 4 


A, | d é 
= vi E foxes | 
1 Ldp oan, (8.2511, 258) 


This is the same result as in Equation 3.2.11.1.10. 


3.3. MODULATION TRANSFERS 


When a number of carriers pass together through nonlinear devices, in addition 
to the intermodulation products produced, there will be modulation transfers 
between the signals (which are not intermodulation products) mainly because of 
the AM/PM nonlinearities, although there exist some effects due to the AM/AM 
nonlinearities. However, note here that, if there is no AM/PM characteristics, 
no modulation transfer exists. In cases of FM and PSK signals, the envelope 
fluctuation caused by filters (the ideal FM and continuous PSK signals have flat 
envelopes) creates this problem. In TDMA cases, because of the burst mode of 
the TDMA signals, the modulation transfer also occurs. In hybrid modulation, 
the ideal signal already has envelope fluctuations and the modulation transfer is 
essentially unavoidable. In this section, the intelligible crosstalk from FDM/FM 
signals to FDM/FM signals is analyzed first in Section 3.3.1. Then, the mod- 
ulation transfer from digital carriers to FDM/FM signals is analyzed in Section 
3.3.2. The effect of the TDMA signal burst mode on FDM/FM signals will also 
be explained in Section 3.3.2. In the last Section 3.3.3, the effects of the envelope 
fluctuation of the PSK signal (due to filters) into other digital carriers (PSK) 
will be explained. 


3.3.1 Intelligible Crosstalk Between Two FDM/FM Signals 


Section 3.3.1.1 analyzes the single nonlinear transmission channel and, in Sec- 
tion 3.3.1.2, the double cascaded nonlinear device case will be discussed. 


3.3.1.1 Single Nonlinear Devices 


The transmission chain of this case is explained in Figure 3.3.1.1.1. Filter F,, 
is the combination of the ground terminal filter and the satellite input filter for 
the first signal e“, which will be considered here as the interfering FM signal. 
The filter F;, is the combination of the ground terminal filter and satellite input 
filter for the second signal e“, which will be considered as the main signal to 
be demodulated at the ground terminal. Since the satellite input filter is usually 
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common to the first and second signals although both use different portions of 
the passband, the characteristics of these portions can be respectively included 
in F,, and Fy. 

The inputs to F,, and Fj, are, respectively, 





eo A, efor ent tibi® and 
0D = Ares@ot ert tio20 | (Sess) 11) 
Then, the outputs of these filters are, respectively, 
e(!) Sat + €, (Dp et @ot OvItIO1O FIO and 
CONRAN Ir ena) fe ene FF 2 (3.3:1.1.2) 


where €,, €, and A,, A, are the amplitude and phase distortions of the first and 
second carrier. It is assumed here that €,, €, and A,, A, are much smaller than 
1, normalizing the amplitudes and group delays of F,, and Fj, as in Section 
2.1.1. The output signal component of the nonlinear device corresponding to 
e\) is given by 


MiOnt n(n; Anlepe je 72 (3.3.1 13) 
where, from Equation 3.1.38, 


M(O, 1; A, + €,), Aod + €)) 


a { I yJ,(Ao(1 + €2)y) Jo(A, + €,) yi (yp) pg(p)e™ dy dp 


(Besa le) 
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Figure 3.3.1.1.1  Intelligible Crosstalk of FM Signals Due to Single Nonlinear Device 
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where considering the second signal is enough, since it is assumed to be the 
main signal to be demodulated. The function M of Equation 3.3.1.1.4 can be 
approximated, since €, and e, are much smaller than 1, as 


M(0, 1; A,;(1 + €,), Aol + €2)) 


0 
= M(0, 1; A;, Ar) + Ale; ae 1; A;, Az) 
1 


; 
+ Axe =~ M(0, 1; Ay, Aa) CEI: 
2 


where €, and €, respectively contain their own signal components, (i.e., @, and 
>). However, the portion €, proportional to , is not considered to be an 
‘intelligible crosstalk,’’ since it is the same as >. The contribution of €, after 
the nonlinear device can be handled as a distortion as in Section 2.1.1. Thus, 
only the portion of €, which is proportional to ¢, is considered here, since this 
component is the “‘intelligible crosstalk’’ to the second carrier (Az). Because the 
cross terms of €, and €, are much smaller than €, and €,, these terms in Equation 
3.3-1:1;5 will be: ignored; 1-e., 


M(O, 1; A;(1 + €,), Ao + €))) 


a 
= M(O, 1; Ay, Az) + €:A; =~ MQ, 1; Ay, Ad) 
1 


= M, + «MA, (3.3.1.1.6) 
where 
Me ="M(0s 15: Ape AS) 
-{ | Yi (Ary)Jo(Ary) Ji(yp)pa(p)e’™ dy dp Bisse) 


d 
M, = = M(0, 1;A,, A 
1 dA, ( 1 2) 


re i i y?Ji(Ary)Ji (Ary) Ji (yp) pg (pe do dy. (3.3.1.1.8) 


M, has been obtained in several forms, in Section 3.2. However, it is not easy 
to evaluate the integral of Equation 3.3.1.18 in general, particularly in the areas 
closer to the saturating power of the nonlinear device. In a large backoff area 
where g(p)e/ is expanded by Equation 3.1.20 (or 3.2.9.2), 
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M, = OA, + a, (A3 + 2 A? Ad) 
= Og Ages 2a (2x6 sie) 
0 9 
M, = aA, [agAy + 0,(AZ + 2A7A>)] 
l 


In other areas, the best approach is the Bessel expansion of Equation 3.2.2.1. 
In this case, 


1G, 
Mo= >, bJ,A,as) JoAyas). adele) 
s=l1 
Therefore, 
aM, = 
Nek a S) (as)b,J,(A,as)J,(Ajas). ~ (3.3.1.1.12) 
1 s=1 


The approach to obtain the coefficients b, is explained in [55]. In other ap- 
proaches, it is difficult to obtain 0/dA, M, in general. Now, the output signal 
of the nonlinear device (for A,) is 


eO = (M, + A, €,M,) ef (ot 2)! F392 F382 
= (M, + Aje,M, lel Oot entre t% (Csselalets) 


where 





A\M 
0,(t) = Im log(M, + A,€,M,) = Im log(M,) + Im oa( 1 + 7 ‘e) 


S 


A\M, 
= Im log(M,) + Im] ust «| : 


(353.1 5b514) 
Since |M,/M,| €, is much smaller than 1, 
M M 
Im log] 1 + — A,e, | ~ Imy—?} €,A). (Gesell ees) 
M M 


Ss S 


After the FM demodulator of the signal of Equation 3.3.1.1.13, the modulation 
transfer which contains the intelligible crosstalk from the A, carrier 1s 


A,M,)| d 
(277)7! im {Aut 7) (3.3.1.1.16) 
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where €,(f) is given by 


al = Ref” | ot) meme =| (3.331147) 


(see Equation 2.1.3.7). h,,(t) is the low pass analog impulse response of the 
filter F,;, (Y;, is also the lowpass analog, i.e. the Fourier transform of h,,(t)). 
Note here that the filter F,, which is the combination of the satellite output filter 
and of the ground terminal receiver filter, gives the distortions to the signal of 
Equation 3.3.1.1.13 and this distorted signal goes to the FM receiver of the 
ground terminal for the demodulation. The distortion produced by F does not 
affect the analysis of the intelligible crosstalk component. 6, is the one which 
contains the intelligible crosstalk from o,. 
In large backoff areas, 


M 
im = 446A, GO SMlP18) 


In a Bessel expansion case, 


M 


Jb 
A > b.(as)J1(A,a5)J; (Ares) 
I : = -Inf = (3.3.151519) 


Ss 


Nb; 
Dd byJ1(Aza5)Jo(Ay as) 
s=1 


In FDM/FM signals, the power spectrum of Equation 3.3.1.1.17 must be eval- 
uated to obtain the crosstalk ratio of each channel as shown in the following. 
The power spectrum of 1/27 d/dt €, is that of €, multiplied by f*. Therefore, 
the autocorrelation function of Equation 3.3.1.1.15 whose Fourier transform 
gives the power spectrum, will be obtained. 

From this autocorrelation function, the signal component of the A, carrier 
which is the intelligible crosstalk will be separated. Note that the separation of 
the A; signal component from Equation 3.3.1.1.17 in time domain representation 


is very difficult. 
M M 
At B| Im (1) €,(¢) Im (1) e(t+ 0 | 


1 


MiNi ks 
Im(-") | A? Ele e+], (3.3.1.1.20) 


From Equation 3.3.1.1.17, 


{e, (te, (t du t)} : Re {| | E le IPOH) +0104) Joy) 
ees eae 
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"hy (t—x) hy ¢+7—y)* dx dy 


a | | E [e JO FIP: Jit) +301) 
— 26 =< | 


"Ay (t—xhyt+7—Yy) ax ay| (BaD) 
where the formula for any complex numbers a and b 
1 
Re(a) Re(b) = 5 Retab* + ab} (eso ial 22) 


was used. a corresponds to €,(¢) and b, to €;(¢+ 7). All the terms which are not 
functions of t and ¢ are neglected in the result of Equation 3.3.1.1.21, since 
these contribute only to the D.C. components. It is also assumed here that &,(¢) 
is a stationary Gaussian process as in FDM/FM cases. The averages in Equation 
3.3.1.1.21 are obtained in Section 2.1.1.3. Thus, 


oo oS 1 = : : Ss 
leer} > Re | J re ean eae 


[hy @) hy (y)* ee + hy) Any) Cur ee dx is} : 
(G30 3223) 


In the expansion 


“ 5; l 
et Rixy) — Sy ie [SER xX, y 1% G.83101224) 
k=0 K! 


The term of k = | only gives the intelligible crosstalk and the terms of k = 2 
gives the non-intelligible crosstalks. Therefore, only the term of k = 1 is con- 
sidered here. 


— 2Rg (0) + Ro, @) +Ro, (y) 


Ele,(Qe,(¢+7)] > [ {i e 
* (Im{A,,@)}) [m{hy(y)t] RG, x, y) de dy (Bsns) 


where, from Equation 2.1.1.3.3 
Rite) — ORANG) ae, (Tati) co Ka Toa ct aR it Xx pany). 
Grose 26) 


Let us use the Fourier transform of Equation 3.3.1.1.25 to obtain the power 
spectrum of the intelligible crosstalk, where 
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| RiG@,x,yye 2% dt = 1—e7") d = 69 Wea) (Exceiba 7); 


where W, (f) is the power spectrum of ,(f). Thus, the power spectrum of 
the intelligible crosstalk in the demodulated output of the signal carrier (Az) 
interfered from the first carrier (A,) is given as follows 

2 


i e FO. imi OH — e2™)dx 


“wg conr| im) : (3.35) a1eZ5) 


Using the relations 


Aj 








jules | “ en 
Im{h,,()} = ~~ Ne Yi,(ye?2™*dy — ff Yii(y)* ee? vay 


(2]) 
6.3: 1.29) 
where Y,,(f) is the low pass analog transfer function of h,,(t) and 
W.(f) = | PENT, i (3.3.1.1.30) 


where W..(f) is the power spectrum of the A; FM signal without any filter 
distortion (ideal case), whose total power is unity and center frequency is shifted 
to zero. Then, Equation 3.3.1.1.26 becomes 

2 


ie iy Mies Yi4(—y)*1We,) Very + f)] dy 


2 
: [im( 2) (See = i @) > Ea) 


A2 
ree 





The condition to be filled for the intelligible crosstalk to be zero is that the 
filter F;, must be symmetric, i.e., 


Vai) = ah G.3.11e32) 
Note here that, although Equation 3.3.1.1.32 gives zero to Equation 3.3.1.1.31, 
the modulation transfer is not really zero but only becomes very small, since 
the result of Equation 3.3.1.1.31 is an approximation assuming that €, is very 
small (\e€,| << 1). 
Finally, the power spectrum of the intelligible crosstalk is given by 


ArT. fm) ] 
7a Beal PW (Pf) 


2 


[tno Tria YW We eye dy 





(CO Ce 


Modulation Transfers 211 


For the evaluation of the integral of the above result, two approaches will be 
explained here. 


(1) Power series expansion of filter transfer function. 


Assume that Y,,(f) is expanded by a power series of f as in Equation 
PAE EA ales 


ec 


Cp) =) erie (rest m4) 


k=0 


where the a,’s are complex numbers. Then, 


oo 


Yn lataf)* ==> lane lear ly Cot 35) 


representing 
ay = ay, ae Jk: (Bods he LL KO) 


where a, and a,; are respectively the real and imaginary parts of a,. Obviously, 


(Cp eel a De a,* 


(2]) Ax for even k 


II 


a, = (—1)*ae = 2a, for odd k. Ger iel-37) 


Thus, 


ieee Kany) = (2) 2», Aon: f* ae 2 deopeirtin 


(GOmGIeSs) 


Substituting this result into Equation 3.3.1.1.33, 


2 & 2 
M 
UO = c Im (4) la Wain) {> fe 
es) 2 
a (3 eee | GEELE) 
£=0 


where 


oC 
» Aeaki 2xCon—2¢ Mox-2¢ = bawir 
k=e 


> Bont iyr 2e+1C2¢+1 Mox-2¢ = De + tyr (3.3.1.1.40) 
k=e 
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where 
ay = [or W.. (ff 
and 
ioe [op W.(fdf = 0 (3.3.1.1.41) 


since W, (f) is an even function of f. 

From Equation 3.3.1.1.39, the a,,f term (a linear slope of the amplitude) and 
the a; f* term (a linear slope of group delay) give the intelligible crosstalk. 
Consider the simplest example, 


Yii(f) = @ + af + a f?. (3,3: 1142) 
In this case, 
boi = Agi oCo Mo + Ay; 2C, my 
= do; + ay; mM, = a2; M, = ap; 0’, 
by; = Az; 2C, My = ay,, 
bi, = a, 1C, mo = ay, 3401.43) 
where my = 1, m, = o°?. 
(o = r.m.s. frequency deviation of the A, signal). (3.3.1.1. 44) 


Because of the normalization for the filter amplitude and group delay explained 
in Section 2.1.1, 


a, = | and dp; = 0. (3.3.1.1.45) 
Thus, in this case, W,(f) of Equation 3.3.1.1.39 is given by 


M, 
WiC) ee c im i] f? Ws (f) UGaif?)? + (a, f)?]. (.3.1.1.46) 


The moments m, defined by Equation 3.3.1.1.41 can be obtained as follows: 


Myx 


[pwn a 


4 = rales Watt ie | 


_ _ ae eae 


La)? dr? 


T=0 


(3.3.1.1.47) 
T=0 
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Re Ore Re @) 


Ife is expanded by a power series of 7 as 


Rei) + Rol) _ S) by, 174 (3.3.1.1.48) 
k=0 ; 


—Rg,(0) + Ro, (7). 


where the autocorrelation function e is an even function of t. Then, 


Ge 


Mae = “Gag 2K)! bas. (3.3.1.1.49) 


When the power series expansion of Ry (t) is given as 


RG ss Com 72, (3.3.1.1.50) 


m=0 


There exists a recurrence relation to obtain b,, from the C},,’s. Differentiate 
Equation 3.3.1.1.48 by 7, 


R (z)’ po Rae Raa 
| 


bo 23 


2, Qk) by,7* | 
X 


i. QD.Cat |S baat 


m=0 


II 


vm, (OOM pa (Gries 1) 


II 
abe: 


From the comparison between the right and left terms, the following relation 
exists 


k 
(2k) box =D, (21) Cri dria 
1 k 
bo, = rk 2 (21) Cz) 2x21 
<s = (2Cabra2 + 4 C4 bo, -4 ap 0 Pear (2k) Cp, bo]. Gaol le52) 
Thus, bo, can be obtained from bn,-2, Bypaas 66 08 b>, bo if Co (Oris 6 OO 5 Cox 


are known. 
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The crosstalk ratio (N.P.R.) due to this intelligible crosstalk at channel f is 


given by 
ue 
M 


~ Wf) Gf) AF 


where G,(f) represents the pre-emphasis effect and o and M are respectively 
the r.m.s. frequency deviation and the number of channels of the FDM/FM. 
Some practical examples are explained in Figure 3.3.1.1.2. The specification 
of the intelligible crosstalk ratio is 58 dB according to the CCITT recommen- 
dation. 





N.P.R. G3 15153)" 


(ii) Fourier series expansion of filter transfer function. 

In some applications, it is more convenient to use the Fourier series expansion 
for the approximation of the filter transfer function (e.g., the case of unsymmetric 
ideal cutoff filters) as done in Section 2.1.1.1. 


Fe) ae Tere Pe (3.3.1.1.54) 





Actual Amplitude Response 
mee me — = Periodic Representation 


Fo Fo 
Reflect About - +47 Reflect rs 





Period Fo 


Figure 3.3.1.1.2 Fourier Series Representation of Filter Response 


"Af is the voice channel bandwidth (4 kHz) as in Equation 2.1.5.25. 
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AOL oe ir (i = x). (Gedalh 155) 
Fo 


In this case, it is convenient to use the result of Equation 3.3.1.1.28. 
Thus, 


er a y umag}9(« - ‘)] 
ae k= —2x Fo 


[1 — ef27] dx 


xs 


. k 2 
S Vimaare Ra(0)+ Ral) aes 


k=-=x 


ll 


II 


x k k 
-Ry,(0) + Ry, (—)  ja— 
> Um(a,)] e al () e F(—2)) sin( x). 


== "c0 0 








(GM 1556) 
Then, Equation 3.3.1.1.28 becomes 
x k 2 
—Ry,(0) + Ry, — 
AS eiim(apie. aoe (7) sin( Zi) 
jee Fo 

M 2 

Wf) f? jin( 2) (Gisal57) 
Ms 


This is the approach used in [66]. Some practical examples are shown in Figures 
3.3.1.1.2—3.3.1.1.6. This section will finish on an interesting case. 
Consider a nonsymmetric ideal cutoff filter 


Tie ak SAS aai Oh = fo) 
= 0 Elsewhere. (Oronle1e58,) 


Substituting this filter characteristic into Equation 3.3.1.1.31, 


Z z 1 
wif) = (42)) im( Ht) | fe wai] Hott +f) 
2 
Tle ao) ee lle F Sea ib eee! (oN U8 ae ‘o}| Sie lead Beh) 
where 


yf 
ify 2[ W..(x) dx (3.3.1.1.60) 
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Figure 3.3.1.1.3 Laboratory TWT Characteristics 


where, by the definition of W..x), Ic,(0) = 0 and Ic (~) = 1. Ic,(f) is the 
cumulative power spectrum distribution function. In many cases, it is difficult 
to evaluate the function /c,(f) and then Equation 3.3.1.1.57 can be used, where 
the coefficients a,’s are given by 


Re \inus k 
sin( a 7 nA) sin( a as nA) 
Im(a,) = or oo MORST EER GT) 
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Figure 3.3.1.1.4 Laboratory Measurement 
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Figure 3.3.1.1.5 Crosstalk Dependence on AM/PM and AM/AM 
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Calculation Using 
Amplitude Response 


@ Measurement 
= Calculation. 


Intelligible Crosstalk Ratio, In dB 


Calculation Using 
Amplitude and Group 
Delay Response 
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Figure 3.3.1.1.6 Group Delay Test 


3.3.1.2 Double Nonlinear Device Cascaded Case 


In the preceding Section, there is only one nonlinear device in the transmission 
chain (see Figure 3.3.1.1.1), which is probably a satellite TWTA or SSPA. In 
this case, a double nonlinear device cascaded case will be covered. 

The notations of Figure 3.3.1.2.1 are explained as follows: 


F, and Fy, : Pre-HPA filters. 
F,, and Fy, : Satellite input filters. 


The satellite output and ground terminal receiver filters are ignored here, since 
they do not contribute to the intelligible crosstalks from the first signal (A,) into 
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the second signal (A>) as explained in Section 3.3.1.1. It is also assumed here 
that the second signal is not modulated at all (therefore, the filter is not needed), 
since this assumption does not change the analysis of this problem as seen from 
the analysis in Section 3.3.1.1. In this case, four intelligible crosstalks from the 
first signal (A,) to the second signal (Ay) caused by different structures exist. 
Figure 3.3.1.2.2 explains these four components. 

A physical interpretation of these four intelligible distortion components can be 
summarized as follows: 


(a) The amplitude of the crosstalking carrier receives a small amount of am- 
plitude modulation as it passes through the filter F,. This amplitude fluc- 
tuation, which contains the intelligible component of the baseband signal of 
the crosstalking carrier, is transferred into the phase of the desired carrier 
due to the AM/PM conversion characteristics of the HPA when both carriers 
pass through the HPA. The first distortion component is due to this effect. 
The second distortion component (cross term) is due to the fact that the 
amplitude fluctuation described in (a) causes a small amount of amplitude 
fluctuation in the desired signal due to the HPA AM/AM characteristics. 
Subsequently, the resulting amplitude fluctuation is then transferred into the 
phase of the desired carrier due to the TWTA AM/PM characteristics as this 
carrier passes through the TWTA. 

(c) Similarly, the third distortion component (cross term) is also due to the 
amplitude fluctuation described in (a). This amplitude fluctuation of the 
crosstalking carrier is suppressed by the HPA AM/AM characteristics as this 
carrier passes through the HPA. The resulting amplitude fluctuation is then 
transferred into the phase of the desired carrier due to the TWTA AM/PM 
characteristics when both carriers pass through the TWTA. 

(d) The fourth distortion component is due to the filter F,, and to the TWTA. 
At the output of the filter F,,, the crosstalking carrier receives another 
amplitude fluctuation, which again is transferred into the phase of the desired 
carrier due to the TWTA AM/PM characteristics. 


(b 


Sam 


It is noted that the first three components are due to the filter F,, HPA and 
TWTA while the last one is due to the filter F,, and TWTA. These terms will 
be added on a voltage basis. From results given later, the second distortion 
component appears to be negligible compared to the others since the transfer of 
the amplitude fluctuation (after the filter F,) of the crosstalking carrier into the 
amplitude of the desired carrier by the HPA is fairly small. In addition, the third 
distortion component tends to be more suppressed by the amplitude nonlinearity 
of the HPA as the HPA operating point moves from the linear region to the 
saturation region. 

Consider the system configuration as shown in Figure 3.3.1.2.1. Represent 
the crosstalking and desired carriers (at FM modulator outputs) respectively as 


e(t) = A; eset tid Coons 
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and 
@n(t) = Ag 232! tIh© (3:3412:2) 


where A,, w,, and ¢,(#) are the crosstalking carrier amplitude, angular frequency, 
and phase, and A, @, and ¢,(t), the desired carrier amplitude, angular fre- 
quency, and phase. (Note that A, and A, are not functions of time.) 

After F, and F, the two carriers can be represented as 


Cai = Ai hese en ioe 9(3.3.4:253) 


and 
ean Gian.) 


It is implicitly assumed here that the amplitude and group delay of Fy at , 
are approximately at 0 dB attenuation and 0 second delay. This normalization 
assures the validity of the first order approximation, 1.e., €,(t)| << 1 and |A,(0)| 
<< 1. The generality of the analysis is not affected by this normalization since 
the normalization in amplitude only changes the magnitude of the signal whereas 
the normalization in group delay (constant group delay difference) only shifts 
the signal in time without distortion. If the values of €,(¢) and A,(t) in Equation 
3.3.1.2.3 are not small (i.e., normalization in amplitude and group delay are 
not assumed), then the first order approximation theory normally used in practice 
is no longer applicable. 

In general, when two FDM/FM carriers represented by Equations 3.3.1.2.3 
and 3.3.1.2.4 pass through a nonlinear amplifier, the output of the crosstalking 
carrier, for example, can be expressed as M(A,, A>) exp[jw,t + ,(1)], where 
M is a complex function of A, and A, and determined by the nonlinear char- 
acteristics of the device (see Section 3.2). 

Therefore, at the HPA output, the crosstalking carrier is given by 





€o(t) = My[(A,\(1 + €,(0), Ay] e2°% t 19 FIO — (3.3.1.2.5) 


where M,;, is a complex function of A,(1 + €,(f)) and A). 
Since, in addition to le,| << 1, (0M;,,/dA,) < 1 (due to HPA AM/AM char- 
acteristics) and (A,/M;,) << 1, Equation 3.3.1.2.5 can be further simplified to 


€oi(t) ~ [Mi(Ai, A))| 


0M 1(A,, Ap) 
Il ae Jee 0A, A, €;(t) 
M;(A,, A») 


Modulation Transfers 223 


" exp) jw,t + jb) + JA) + J2My(A,, Ar) 


0M;(A,, A)) 
j 0A 
sae Rpeamistaiseae a PN (3.3.1.2.6) 
My (Aj, Ad) 
where Z denotes the angle of a complex number. 
At the HPA output, the desired carrier is given by 
Cyt) = MylAn, Aid + e1@)) e202 Ie, 35107) 


From the same approach as that used in the approximation of Equation 3.3.1.2.6, 


€o2(t) ~ [M14(Ao, A,)| 


0M (A>, A;) 
1 apr Re 0A, A, €(0) 
My(Ap, A)) 


"EXP ) Jot + jbo) + J 2My(A2, Aj) 


0M (Az, A;) 
+ jIm dA, A, €,(t) 
oo 32112. 
MylAn, Ay) ( > 


Due to the assumption of the transparency of F, as explained earlier, the 
desired carrier at the TWTA input is 


€977(t) = €o2(t). (3.3.1.2.9)) 
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The crosstalking carrier at the output of F,,, or at the TWTA input, can be 
represented by* 


€oi(t) = My(Aj, A>)| 


OMy(A;, Az) 
] + Re 0A, A, &,(0) ar €11 (0) 
M;(A,, Ap) 


-exp) ja ,t + jo) + fA, + jZ2My(Aj, Az) 


0M,(A,, Az) 
lm OA | Ages aii@) 


(3235152510) 
M7,(A,, Az) 


where €,,(t) and A,,(f) are respectively the amplitude and group delay distortions 
due to the filter F,, when the input is given by Equation 3.3.1.2.6. Since filter 
distortions are very small, €,,(¢) and A,,(f) are almost equal to those distortions 
that would have appeared if the input to F,, is represented by the undistorted 
signal of Equation 3.3.1.2.1. The justification of this approximation is as follows. 
The difference between Equations 3.3.1.2.1 and 3.3.1.2.6 is small (first order). 
Represent €9, by é9, = e;; + A. When éo,(t) passes through F},, the distortions 
of e9;(t) consist of two parts: the distortion of e;,(¢) and the distortion of A(z). 
Since A(t) is much smaller than e;,(t) (first order effect), the distortion of A(f) 
is much smaller than that of A,,(). The latter distortion becomes a second order 
effect with respect to e;,(t) and can be ignored. 


Define 
B, 


M(A,, Ap) 


and 


By = My(Ay, Aj). (3:3, 1:2ei1) 


‘In practice, @9,,(¢) is only proportional to the right-hand side of Equation 3.3.1.2.9. However, 
as the TWTA input backoff is properly set, the equality of Equation 3.3.1.2.9 can be assigned 
without losing any generality of this analysis. 
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Using Equation 3.3.1.2.11 in Equation 3.3.1.2.10, then 
1 oB, 
eoi(t) = |B, if + Re (7 cae A, &,(t) + aut 


: exp in Tel Oi Oe yAnG) 7 fAB, 


at fa ee (yea A B10 
J B, aA, 1 £1 JA (4) |. (BS ale2 2) 


Similarly, e92. becomes 


1 0B 
€o22(t) = al + Re (2 222) ae) 


"exp ios + jb2(t) + jZB, 


1 dB, 
ea) in( 2 Ai ab.) «| (Bs35 e213) 


The two signals @9,,(¢) and é979(t) are present at the TWTA input. At the 


TWTA output, the desired carrier, which is required in the evaluation of double 
intelligible crosstalk impairment, is given by 


RE eee te B,| 
€oo2(t) = Mz| |B, a0 peo A, &,(0) |, |B, 


2 il se JR OS ‘)) ar (t 
c B, A, 1 &,(f) €1;(Z) 


ile dB, 
EXD | [Ont 4 7050) 45 JB en A, &,(f) |. 
B, anu, 


(rnd 2, 14) 





|Bo| Ay €,(t) 








Expanding this in a Taylor series expansion with respect to €, and €,, and 
Co92(t) ~ dMr((Bo!, (Bil) 
|B,| 
Lae a|B,| 
‘ Re( # “1 =F auto || 


taking only the first order terms, then 
1 OB, oM : 
-re( 2 a ain OMA al Ei) l| Aveo 
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sy OB, 
* €xp Jot Sti Jo2(t) a JZB, a 7 Lo A, €,(2) |. 
Bion 
CS. 32152013) 


(T of M; implies TWTA). 
From further simplifications (see Equation 3.3.1.2.6), the desired carrier at 
the TWTA output is given as 








€o02(t) ~ 
dM;(|Bo|, |Bi|) 
1 + Re oe |B3| 
(J a) 
A, €,(t) Re( 7) 
ete ste 
+ Re el | A, €,(t) 
~M;(\Bo], [By]) 





1 OB, 
Ro 2 2) 21) a ent "EXP) jot + jby(t) 


+ jZB, + j Im| — —]A 
J 2 + j Im =. 1 &, (2) 





+ jIm Saat 


pete OTe Ja |B3| €,(0) 
M,(|B,|, |By|) 








(3.3.1.2.16) 





Srhyeln Aare 


oes PO ae |B, €1,(1) 
M,(|B>|, |By|) 


+ jIm aes ae Ja |Byle,() 
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In this result, the phase is important because the amplitude modulation is going 
to be eliminated by the hard-limiter before the FM discriminator. The fourth, 
fifth, sixth, and seventh terms in the phase of Equation 3.3.1.2.16 contain the 
intelligible crosstalk components. 

Define 


Gy = M,(|B, 








B,|) (Geet hos 78) 


> 


C= M,(|B> 








B,)). (393) 12/18) 


) 


In Equation 3.3.1.2.16, the relevant phase component, /(f), which contains 
the above four terms, can be expressed as 


A, 0B 
I(t) = | Im rene: + Im [B,| 8C; 
By dA, Cy a|B,| 
SRe A, OB, + Im |B, dC2 
By dA, Cy |B 


A, OB, |B,| aC, 
Re{ — — t) + I fie SCs a9 
(5 om) fe o( eae 














The first term of the coefficient of € ,(¢) corresponds to the intelligible crosstalk 
component in (a), the second term to that in (b), and the third term to that in 
(c). The coefficient of ¢,,(t) corresponds to the component described in (d). It 
is noted that the term Re[(A,/B,) (0B,/dA,)] represents the amplitude transfer 
from the amplitude fluctuation of the crosstalking carrier to the desired carrier 
amplitude due to the HPA, as mentioned in (b). Also, the term Re[(A,/B,) (0B,/ 
0A,)] represents the suppression of the amplitude fluctuation of the crosstalking 
carrier due to the HPA as mentioned in (c). 

Rewrite Equation 3.3.1.2.19 as 


I) = (yr + Dy,s + Dujr)ei) + Dy,€n@  (3.3.1.2.20)' 


or 
Meee (tate Da cels 831081) 


where the terms Dy, Dy,s, and Dy,r represent respectively the first, second, 
and third terms of the coefficient Dy, of €,(4), and Dy, is the coefficient of €,,(t). 
It is observed that there will be some differences in propagation time among the 
distortion components included in ¢,(f) and €,,(¢) due to variations in the prop- 
agation time in various transmission path lengths. However, since the two carriers 
are generated at the same earth station and since the assumption that the maximum 
time difference is about a few nanoseconds is practically true, the four intelligible 


"Dy, re» Dy,s» Dn,r and Dy, are similar to the coefficient ky used in [65]. 
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crosstalk components can be added on a voltage basis (the effect of the time 
difference at baseband frequencies is negligible for any voice channel since the 
top baseband frequency of the desired carrier is at most a few megahertz). 

At the output of the FM discriminator, in addition to the desired carrier 
baseband signal, 1/27 dd,(t)/dt, there will be intelligible crosstalk components 
included in /(f). 

The phase component, /(¢), includes the direct current component, unintel- 
ligible noise components, and intelligible crosstalk components. In order to 
separate the last components from the others, the autocorrelation function of /(¢) 
is obtained. Then the power spectrum of intelligible crosstalk components after 
FM demodulation can be evaluated by Fourier transformation. 

The crosstalking carrier at the F, output, e;,,(f), can be expressed as 


eini() = A, ef?! [eJ%O @ hy] (353.1-2,22) 


where @) denotes the convolution operation, and h,(t), the equivalent low-pass 
impulse response of F, is in general complex. 
Under the assumption of a first-order theory, Equation 3.3.1.2.22 yields 


e IO [ei @ h,(H] = [1 + €,()] e444 
=—[li- ep + oi) (Osos) 
Therefore, 


€,(t) = Refe /* [e/% @ hp] — 1}. B.3-12.24) 


In a way similar to Equation 3.3.1.2.24, from Equation 3.3.1.2.21, 


[OQ = Rey | [Dy, hy) al, Dy hy Cole Com Fie) dy 


AO by) (3.350805) 


where h(t), the equivalent low-pass impulse response of F,, is also complex. 
The term (Dy, + Dy,) will be dropped in this result for the convenience of the 
analysis since it eventually gives only the direct current component. 

Let 


h(t) = Dy,hy(t) + Dy, hy (0) (3.3.1.2.26) 


then 


I@;= re | RiGee SS ar] BB3297) 
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Using the formula 
l 1 
Re(a) Re(b) = 7 Re(ab*) 4 5 Re(ab) (Geoal 2728) 
where 
a(t) = ls here? slr Ce de (3.3.1.2.29) 
b(t + 7) = i RONeR ee eS me) Gye (Vaal 250) 


and the notation a*, for example, denotes the complex conjugate of a, the 
autocorrelation of /(t) is given by 


TOI +9) = Lae + a) + OE + 
ar OULIG 42 oq) Se FOC a Oe (Gsdall 2B) 


Thus, in a way similar to Equation 3.3.1.1.31, the power spectrum of the 
intelligible crosstalk components after an FM demodulation is (considering only 
positive frequency) 


: 
1 PWD || We) — Wolf + 9] 





vy) 


a Coe) axe, O=7f = &) (rand 32)i 





where 


Y(f) = Dy, YER. Cf) + Du, Yer(s) (33712333) 


where Y{) (f) and yu)? (f) are respectively the transfer functions of the equi- 
valent low-pass filters of F, and F,,. In order to evaluate this result, the same 
approach as that explained in Section 3.3.1.1 can be used. 

When the HPA and TWTA are both operated in large backoff areas, their 
amplitude (AM/AM) characteristics can be assumed to be linear and their phase 
change (AM/PM) characteristics to be proportional to the input power. Therefore, 


‘The factor A? of Equation 3.3.1.1.31 does not appear in this case, since it is included in Y(x) 
here. 
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eH(A) = kyA 

fulA) = YHA? 

gr(A) = krA 

f(A) = yrA? (3.3.1.2.34) 


where k,,, kr, Yy, and y7 are the proportional constants. 

Therefore, when the inputs to the HPA are represented in the forms of Equa- 
tions 3.3.1.2.1 and 3.3.1.2.2, the complex output amplitudes of the crosstalking 
and desired carriers can, after some manipulations, be shown to be respectively 
(in large backoff regions, the higher order terms are ignored here) 


B, kA, + jkyyu(Ai + 24,43) 


and 
By = kA + Jka vals + 2AzA7). (Gi52052.05) 
Similarly, at the TWTA output, the amplitudes are 
Cy = kp|By| + jkpyr (Bi + 2|B\||Bo|7) 


and 


ll 


Cy = kr \Ba| + jkr yr((Bal?  2\B3| |Bal). (3.3.1.2.36) 


Using the above results of Equation 3.3.1.2.19, the relevant phase component, 
I(t), which includes the intelligible crosstalk components, can be approximated 
as (higher order terms ignored) 


I@) = 4yyAl + 4y7/Bi)G@ + 4y7lBil?en@. G6:3.1.2.37) 


As seen from Equation 3.3.1.2.37, the third cross term, 4y7|B,|?©,(¢) cannot 
be ignored compared with either the first or the fourth term. The second cross 
terms is negligible (the order of the terms here refers to Equation 3.3.1.2.19). 
In particular, this result indicates that it would be much simpler to reduce the 
intelligible crosstalk impairment by improving the amplitude and group delay 
responses of the filters than the HPA and TWTA nonlinear characteristics. 


HPA and TWTA Operated in Any Backoff Regions 


In this case, the four distortion terms will be evaluated by means of the expres- 
sions of Equations 3.3.1.2.32 and 3.3.1.2.33 and the power series expansions 
of YO. (f) and YEP (f). 

Using the Bessel expansion of Equation 3.3.1.1.11, it follows that 


Ly 


jag Ss ape) J (SQA) Jo(Sapy A) 


s=1 
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Ly 
B, = S Oe J (SQ Az) Jo(SayA)) 
s=1 


Lr 


C= x b™ J,(sar|B,|) Jo(ser|Bo|) 


and 
Lr 
Co = > bOUGa7|B,)) Jo(sar|Bi)) (3.3.1.2.38) 
s=1 
where J, is defined as a Bessel function of the first kind of order n. 
Differentiations of B,;, B,, and C, are required in Equation 3.3.1.2.19. There- 
fore, in this case, 








opwe oie 
a —= -» $0, b)[ Jo(sayA)) Tz Jn(sayA )|Jo(sayq Ar) 
0A, Dee 
oB a 
— = — )) sayb® I,(s07A,)J\(Say Az) 
0A, s=1 
ac a 
2 = — > sapdb J,(sarz|B,|) Ji(se7|Bol) 
a|B,| SS il 
and 
ac {ie 
~ = -YS' sarb™ [ Jo(sar|Bo]) 
a/B,| at Tas 0 r| al 


— Jy(se7|By|)] Jo(ser|B |). G3n12-39) 


Therefore, the coefficients Dy, and Dy, can be obtained using these results. 
Also, assume that 


E 
Lo) = Dada 
n=0 
and that 
E 
VOUCh) a ae (3.3.1.2.40) 


n=0 


where L is an integer. The coefficients a\” and a{'” are, in general, complex. 
Then, Y(f) in Equation 3.3.1.2.33 becomes 


ib, 


Che = (Oa Di On at): (302.41) 
0 


n= 


232 Transmission Impairments: Multi-Carrier Analysis 


Also, the integral in Equation 3.3.1.2.32 can be computed using the moments 
of Wc, (x) given in Section 3.3.1.1. Consequently, the N.P.R. (f) can be readily 
evaluated. 

The analytical results given in this Section can be implemented in a computer 
program to facilitate evaluations of intelligible crosstalk impairment in a double 
cascaded nonlinearities environment. Two examples will be considered. In the 
first example, the filters F, and F,, will be assumed to have identical transfer 
functions. In the second example, F, will be improved over F), (1.e., more 
severely specified than F,,). These examples are intended to show the effects 
of improving the amplitude and group delay characteristics of the transmit side 
(i.e., filter F,) on the N.P.R. 

The HPA and TWTA nonlinear characteristics used are those of the Hughes 
Models 876H 700W TWT and 1244H 8.5W TWT (Fig. 3.3.1.2.3) respectively. 
The two equal-amplitude FDM/FM carriers accessing both the HPA and TWTA 
(transponder bandwidth = 77 MHz) are assumed to have identical transmission 
parameters: number of channels = 612, rms multichannel deviation = 4878 
KHz, top baseband frequency = 2540 KHz, bottom baseband frequency = 12 
KHz, bandwidth = 36 MHz, and standard CCIR pre-emphasis factors. The 
N.P.R. will be computed at the top baseband frequency slot of the desired carrier 
at various HPA and TWTA input backoffs. 


Example 1: Identical F, and F,, 

In this example, it is assumed that F, and F,, have identical transfer functions. 
Figure 3.3.1.2.4 shows the amplitude and group delay responses in which the 
slope of the amplitude in the carrier bandwidth is 1 dB in 36 MHz, and that of 
the group delay, 4 ns in 36 MHz. It should be noted here that the symmetric 
portions in both amplitude and group delay responses do not contribute to the 
intelligible crosstalk impairment. 

Figure 3.3.1.2.5 shows the calculated N.P.R. at various HPA and TWTA 
input backoffs. From these numerical results, it can be seen that degradations 
in the N.P.R. are controlled by the AM/PM characteristics of the HPA. However, 
the N.P.R.’s are found not to be sensitive to changes at the HPA operating point. 
Also, in the TWTA input backoff range of — 6 to — 14 dB, the N.P.R.’s obtained 
at a HPA input backoff of — 10 dB are much worse than those at a backoff of 
— 50 dB (equivalent to the case with F, and F,, linearly cascaded, and with no 
HPA). This means that because of HPA nonlinearities, the amplitude and group 
delay responses of F', must be much more severely specified than those of F,, 
so that the effects of F, are negligible. 

Table 3.3.1.2.1 shows the values of Dy,, Dy,-, Dy,s, Dy,r, and Dy, at a 
HPA input backoff of —10 dB and TWTA input backoff range of —6 to — 14 
dB. It can be seen that component (a), which corresponds to Dy, - and is described 
in this Section, tends to dominate over all the other components, namely, (b), 
(c), and (d). Also, in any backoff areas of TWTA shown in Table 1, cross term 
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Amplitude 






‘ Frequency 


48MHz 


Figure 3.3.1.2.4(a) Filter Amplitude Response 


Group Delay 






Frequency 


48 MHz 
(b) 


Notes: 


1. A= 0.5dB for Fy (Example 4) and Fy, (Examples 4 and 2) 
A= 0.15 dB for F, (Example 2) 


2. GD= 2 nS for Fy (Example1) and Fy 4 (Examples 4 and 2) 
GD=0.5ns for Fy (Example 2) 


Figure 3.3.1.2.4(b) Filter Group Delay Response 


(b) is small and negative, and cross term (c) is close to component (d) except 
that there is a suppression effect (which becomes larger when the HPA operating 
point moves to the saturation region) due to the HPA AM/AM characteristics. 
Therefore, it is preferable that the distortion effects of F,; could be ignored since 
they can be controlled at the transmit earth station. 


Example 2: F, Better than F,, 
In this example, the responses of F, will be improved (e.g., slopes of the 
amplitude and group delay responses of 0.3 dB and 1 ns in 36 MHz respectively, 
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Table 3.3.1.2.1 
Computed Values of Dy, -, Dy,s, Dn,r, Dn,, and Dy, 
(Example 1) 
HPA Input Backoff = — 10 dB 
DyyF Dy,s Dyyr Dy, Dy, 


[Cross [Cross [Total (a), (b), 
Term (b)] Term (c)] and (c)] 


[Term (a)] 


{Term (d)] 


























ca) 
2] 
cs 
°o 
“4 
Sy 
3 
~ 
3 
Qo, 
= 
< 
fH 
= 
= 


as shown in Figure 3.3.1.2.4). Figure 3.3.1.2.6 shows the calculated N.P.R.’s 
for the same HPA and TWTA input backoffs. The HPA and TWTA are found 
to have almost the same effects on the N.P.R. as the case in which there is no 
HPA. Comparison of Figures 3.3.1.2.5 and 3.3.1.2.6 shows that the effects of 
F, are now smaller than those of the previous example and are almost negligible. 
Also, the N.P.R.’s are much better than those of the previous example. 

The above examples clearly indicate that in order to control crosstalk im- 
pairment effects in satellite channels, in which two carriers access both the HPA 
and the TWTA, the filter characteristics of F, at the transmit side must be more 
severely specified than F,. 

As explained in Equation 3.3.1.1.32, if Y(f) defined by Equation 3.3.1.2.33 
is symmetric around zero frequency (the carrier frequency fo), by choosing 
Y{) (f) properly, (Y"'(f) cannot be changed because it is located in the sat- 
ellite), the intelligible crosstalk component given by Equation 3.3.1.2.32 be- 
comes very small. This is an equalization for the intelligible crosstalk by designing 
the pre-HPA filter properly. From Equation 3.3.1.2.33, for an arbitrary sym- 
metric filter Y(f), if Y&2. (f) is chosen as 


VEL) = SY) = DyYEP)——G.3.1.2.42) 

N, 
in the passband of the FDM/FM signal, the equalization becomes possible. 
Because of the nonlinearity of the two devices, the values of Dy, and Dy, are 
not equal to unity. Although Y(f) can be arbitrary as long as it is symmetric, 
it should be chosen so that the design of Y{"} (f) becomes simpler. Note here 
that the equalization of Equation 3.3.1.1.42 is only possible for fixed backoffs 


237 


Modulation Transfers 


‘@ ojdurexg) syjoyoeg induy yLM pue VdH SNsJoA OnPY YeISSOID oIqIBITJOIUT 


(QP) 330990 Induj WE ML 
Z- b- 9- 8- OT- 2t- 





aP9- 


ap g- SX 


SP OF- 


$}049Dg jnduj WgH 


GP St - 


gP OSs- 


OT TEE aansiy 


$0{$ puDgesog 
do; P®jON| DAZ y 


bT- oT - 


Ov 


Sb 


OG 


SS 


(GP) ,~ONDY HIDISSO4D O1q!6I}/O,u] 


238 Transmission Impairments: Multi-Carrier Analysis 


of two nonlinear devices. However, it can be shown that the determination of 
the equalization due to the variations of the backoffs is not so large so that a 
still large amount of intelligible crosstalk reduction is possible for fairly large 
variations of the backoffs. 


3.3.2 Modulation Transfer from Digital Carriers to FDM/FM Carriers 


As explained in Section 4.3 of Volume I, the envelope of the PSK signal 
fluctuates after the bandwidth limitation of the pulse shaping filter, or IF filter. 
Because of this envelope fluctuation of the PSK signal, if a FDM/FM signal 
passes through a nonlinear device (which has a AM/PM nonlinearity) with this 
PSK signal, the FDM/FM signal receives a disturbance. This disturbance consists 
of line spectra and of a continuous spectrum in the demodulated baseband of 
the FDM/FM signal. The analysis is rather sophisticated in this case because it 
involves a nonlinear random process. Let us start with a simple case before a 
general approach is shown, in order for the readers to have a concrete example. 
Let us assume that a QPSK signal and a FDM/FM signal passes through a 
nonlinear device with a large backoff, where the amplitude is linear and the 
phase is proportional to the input power. 

One of the inputs to the nonlinear device is given, from Equation 2.3.2.5, by 


xs 


ent) = A,efeurt®? SY sie —kT) ei? 


k= -x 
= B(t)eFurtPtPo (3.3.2.1) 


where s(t) is given by Equation 2.3.2.6. In it, h,(t) is the low pass analog 
impulse response of the filter F,. Another input is the FDM/FM signal, 


@n(t) = Agel *i9O | (3735282) 
Then, the FDM/FM signal at the output of the nonlinear device is 
ep) = MQ, 1; BO, Ap)eiottioo (3.3.2.3) 


PSK Signal 
6,404? 












PSK Signal 


FM Signal NONLINEAR DEVICE 


Ci (t) 
FM Signal 

M(0,4; B(4), 45) 
e/ot +f P(t) 


Figure 3.3.2.1 Model for Modulation Transfer from PSK Signal to FM Signal 
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where 


M(0, 1; B, Ay) = I i Vi (Ary)Jo(BOy)Ji (yp) pg(p)e™ dy dp. 


(3.3.2.4) 

Since g(p) and f(p) are here given by 
BP) = Bop, itp) = Bp, (3.3.2.5) 
B(p)eX = gop(1 + jBp7) = gop + j8oBP° (3.3.2.6) 


(see Equations 3.2.9.2 and 3.2.11.1.23). Then M(0, 1; B, A>) is given by 
MO, ll2 B, A>) = {2oA> + j2oR(A3 a 2B*A>)} 
= 8oAr{1 + jB(AZ + 2B7)} 


jB(A3 + 2B?) 


Thus, 


(BAZ j = 
el godge errr gOLGEEON (3.3.2.8) 


In this, the modulation transfer from the QPSK signal to the FDM/FM signal, 
after the FM demodulator, is 


| 4 papi) 23.010 
ra ())°5(2B). (23209) 


The power spectrum of this component is that of (28)[B(t)]* multiplied by f?. 
Therefore, the power spectrum of (28)[B(d)]? will be obtained in the following. 
From Equation 3.3.2.1, B(t) is given by, 


co 














BOs Ary se = esl (3.3.2.10) 
foes 
Thus, 
x Pe 
(2B)[B@]? = (2B)A? | > s(t—kT)e!* 
k=-& 
= (28)A2 SS st-kT)st—&T)* els I, 
kj=—-% ky=—& 


(3232.11) 
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In order to find the autocorrelation function of this result, rewrite Equation 
3.3.2.11 as follows: 


oC 


DS s@- kT) s(t-kT)*e 7% = DS [st— kT)? 


— oo k,=—& kj=-% 


Ms 


Il 


ky 


aF SS s(t—kT)s(t—(k, — )T)*#e7 hs 4} 
kj=—% 


PS ee SOC Ae WN s ee 
(Qa 


+ > sh T)stt te, —2) 7) FF 4 
je See 


1 


+ DS) sky) s(t — (ky + 2)T)* ef FH? 
kj=-@% 


G32) 


Then, 


oC 


DS str -kT)stt+7— kT)! 1% 


—x kK, = —2 


Ms 


ky 


ll 


is obtained by replacing ¢ in Equation 3.3.2.12 by t+ 7. Multiplying Equations 
3.3.2.12 by this result and taking the average on o;,, 


k=-% = +o 


Average [B()B(t+7)] = SS joan | | »S eer kr | 


+ 
Ms 


[s@— kT) s(t — (ky — 1) T)*][s¢4+7-—k,T)stt+o— cea ay eats 


= 
i 
| 


+ 
Mes 


[s¢@—k,T)s(t—(k, + 1I)T)*][s¢+7-k,T)st+7— ky DPF] 


+ 
Ms 


[s(¢— kT) s(t — (ky — 2)T)*] [s(t+ 7 — kT) s(t +7 — (kK, —2)T)*]* 


i 
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M_-: 


+ 
ky 


Set itt iene || SiCarte a pd NSE a — (ket 2). ) | 


—-s 


=| > joa | > Ju +r 


Ke oe = — 56. 


af 2Re| > C19 IN Corel A Sn 


k=-% 
SSC ie) Shar hk vneis| 


+ 2Re| S) (s(t kT) s(t — (ky — 2)T)*] 


k= 2 


“isG@- 4 kyl st Se — ame} 


(3232.15) 


The first term of this gives the line spectra, since 


peda tetole: 
k= —-@ 
is a periodic function of 7. Using Equation 2.5.19 of Volume I, 


oo 2 t 
k jin-k, 
Se | — (2) uae (3.3.2.14) 


k=-% [gi Se Ir 


where 


YO(F) = 7 bs (ire meee dr (623.2415) 
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Thus, the line spectra components are given by 


2 2 
k ed ke 
wo(§falr-4) (A). oazas 


The second, third and following terms give the continuous spectrum, 
2 


co 


28) AL > 


k=-c& 











i s()s(t+T)*e ?™ dt 























il 
a) fre ; 
+e | SO) Ste 20) ee eK gr) ia 
oC 2 2 2 
= . 7 VG Oa ere eax (37372519) 
k=1 e 
where 
YO (f) - | she ?™ dt. (333218) 
Thus, the power spectrum of the modulation transfer is given by 
SSP Ia\h k\ |? k 
2 A4 = YO {= S eye 
cores 3.0) pf ele-3 
a ea ae ; 
+ (2B Al | [_ vewrea—perrenas 
=i | =e 
(373; 2219) 


For example, the overlapped raised cosine will be assumed to offer more elements 
of explanation. The overlapped raised cosine can be easily achieved when F , Is 
a Bessel filter with an attenuation pole and BT = 1.2, and when the input signal 
is the window function given by 


Il 
ja 


Vit) Be 


II 
=) 


|| = 


(2352.20)? 


NIN NIN 


‘The output of this filter for the input of this square wave is approximately very close to the wave 
form of Equation 3.3.2.21 (although not exactly the same). 
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Then, 
7 
iy) 2 Seek = 
s(t) = cos (2 P= 
=i (i) Elsewhere. (Ge3e2 2) 
Then, 
i 
sin} 2 (1 = x )r 
3 sin(2afT 1 
Y(f) = 3 sin22afT) a 
4 (2ufT) p 1 
2 — —|T 
™\T — oF 
Sh eles eal Vale ele 
in — 1 7 ae 
1 2 IE 1 qr 
$= 
2 1 8 1 
+ — oD, — = 
QT f aT if Tf 7 T 
in} 27\ f + : Ts 
sin, 27 = 
I Ir 
+ SR gg ase ee i ee 
8 1 
er, 63.222) 
where 
9 
(L) 0 Ph Ee pe 
DN eee 
(L) aa — 
Ms (= *) 64 
k 2 
rp # *) =a) on (3.372223) 
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For the continuous spectrum, only the first term of Equation 3.3.2.17 is not 
zero, which is given by 


- 2 
/ s(t)s(t+T)*e 12" dt 





2 


yo (x) VOC —f)* e J2T(KT)X dy 


sin} (7 = *)| 
T sin(wfT) wee if 


Sa Mae h 16 1 
alr = sr 
l 2 
’ sinfa(# oP ;) r| 


at 16 
a(r rr 


Substituting these results into Equation 3.3.2.19, the power spectrum of the 
modulation transfer can be obtained. Figures 3.3.2.2 and 3.3.2.3 show practical 
examples of modulation transfers. 

The above case can be applied only to large backoff areas. A general approach 
applicable to any backoff areas will be explained in the following. Suppose that 
e;,(t) in the €-th symbol interval (€T — T/2, €T + T/2) is given by 








(3.3.2.24) 


C+ ny 


Evia Ae Se sek yer. (333.225) 


k=€-n, 


It is here assumed that the effects of the intersymbol interferences are finite, 
i.e., the pulse s(t) is confined to (—n,T — T/2, nT + T/2). This assumption 
is not rigorous in practical examples but constitutes a good approximation in 
most cases, since s(t) attenuates exponentially with time in negative and positive 
values of ¢ for physically realizable filters. 

Thus, define the function 


+n, 
. ie 
E(t—T; ®,) = >, s(t—kT)ei*, («1 -~><1< T+ *) 
k=€-n, 2 D 
=-.(); t € Elsewhere. 


Gi322520) 
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Using this function, Equation 3.3.2.1 becomes 


oC 


CneaAne a eG (1) 


f=—<x 
B(pei? ta 63227) 


Now, E(t; ®¢) is correlated with E(t; Oe EG OAs ev) 
EOD n-ne, Dein, +n,—1)» While all the ,’s are mutually interde- 
pendent. Using this E(t; ®,), the input of the FM demodulator is given from 
Equation 3.3.2.3, by, 


ENO = (MO, 17 A Bipie: = (3.3.2.28) 


Thus, the demodulated modulation transfer is given by 


TuIn(MOn 1 BO). Ay. 


PAO ISAS BU) 


slays 
27 dt 
(3232529) 

The power spectrum of this function must be obtained, which is that of 
Im{In[M(0, 1; B, A2)]} = 1. (3.3.2.30) 

i(@)un the time mterval\(kis— W/i2T keh 2s 
I(t) = I(t—kT; ®,) 

= Im{In[M(O, 1; A;|E(t—kT; ®,)|, A2)]} V@—-kT) (3.3.2.31) 


where V(t) is defined by Equation 3.3.2.20. 
The autocorrelation function of Equation 3.3.2.30 is given by 


E{I(t) I(t+7)} = » Ril aakD) (3.3.2.32)' 
® k=—% 
where 
t 
R,(t) = £E 3 el Do) I(t +7; di (k # 0) 
0, |P/-5 
Z 
R(t) = E bl ALG D5) 1047, vat (Gisroes5)) 
D ul Pe 


*See Section 2.11 of Volume I for the results. 
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Define 
il 


l 
R(t) == IF E {l(t; ®o)} E {I(t+7; Bo) }dt. (3.3.2.34) 
ia -f@, ®, 
Then, Equation 3.3.2.32 becomes 


x 


E ((ol(t+7)] = 3 (Rete Ki) — he re Kel sy R(T bok): 
® 


k=-x k=-x 
(3322 Oo) 
Since J) and J, become independent when k > ~, 
Limi [Rep KL) —=IREG—Kh =O: (3.3.2.36) 


koe 


Therefore, the first and second terms of Equation 3.3.2.35 are, respectively, the 
continuous spectrum and line spectrum. 


(i) Line Spectra 
The autocorrelation function of the line spectra are given by 


~ Rett, il) (3;3,2237) 
k=-% 


From Equation 3.3.2.34, the power spectra of the line spectra are given as 
follows. Using the Fourier transform 


De 
ope x LG; Do)bew dtr Ef) (3.3.2.38) 
a) 


(ii) Continuous Spectrum 
The continuous spectrum portion of /(t) is done by Fourier transforming the 
first term of Equation 3.3.2.35 


x 


2 
Wf) = - 2 £)| 3( - 5) (Sees <0), 137325359) 








o 


Dakean he [Ry(t) — R.(t)]e?™ dr 


k=-x 
Ny ; oc 
= = bea ie [R,(t) — R.(t)]e/2 dt (3..3.2.40) 


since, from Equation 3.3.2.26, 
R,(t) = R(t) fork > n, andk < — ny. (3.3:2.41) 
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Defining 


th 
Wo,(f) = | “Me Oe" dt 
2 


ZB 


2 . 
< Ie Im{In[M(O, 1; A,|E@ ®,)|, Aa) ]}e 2 dt. (3.3.2.42) 
2 
The continuous spectrum is finally given by 
(ny +1) 


1 
= ePITEL EB {Wo,(f) Wo,(—f)} — [E {We,(A}L1. 
k= —(n, +n5) Dy, ®, Do 


(39332.43) 


Figures 3.3.2.4—3.3.2.8 show the practical examples calculated according to 
the above analytical results. Some results are compared with measured data, 
which show good congruence. All these analyses and calculated results lead one 
to conclude that the baseband channel of the FDM/FM, whose frequencies are 
equal to the symbol rates of the digital carriers, cannot be used because of large 
tonal interferences. In addition to these tonal interferences, if the power levels 
of the digital carriers are larger than that of FDM/FM carriers, the continuous 
power spectra cannot be ignored. See Reference [70] for detailed analyses and 
results. 

In the above analysis, modulation transfers only due to the bandwidth limitation 
of the PSK signal are considered. There is another important modulation transfer 
from PSK signals to FDM/FM signals, which is produced by the burst mode of 
the PSK signals, when the PSK signals are in the TDMA (time division multiple 
access). For simplicity’s sake, it is also assumed here that only one FDOM/FM 
signal and one TDMA signal (QPSK) pass through the nonlinear device. 

In practice, the TDMA/PSK signals receive two types of envelope changes, 
i.e., one due to filters and the other, due to the TDMA burst mode. Again, to 
avoid complexity, the envelope change due to the TDMA burst mode is con- 
sidered, and the envelope change due to filters is ignored in the following. 
However, a combined general case will be discussed later. Now, e;,(¢) of Equa- 
tion 3.3.2.1 becomes 


Gr => A, re Ve(t-kTr— 1) 


| >) ve ere | (3.3.2.44) 
f=-—x 


where V(t) is defined by Equation 3.3.2.20 and V;,(f) is the burst function in a 
frame (fo is an initial time setting), and 7; is the frame period. 
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80 
Digital Carrier Input Backoff = 20 dB 
4th Harmonic FDM/FM Carrier Input Backoff = 10 dE 
4-Pole Butterworth Filter 
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30R Cased ota i ‘cng 
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Figure 3.3.2.4 N.P.R. in 972-Channel Carrier Due to Discrete Spectrum of 
Modulation Transfer Noise from 1.765 Mbit/s QPSK Carrier versus 
BT Product. Digital Carrier Input Backoff: 20 dB. FDM/FM Carrier 
Input Backoff: 10 dB. Four-Pole Butterworth Filter 


V(t) l when the TDMA signal appears 


and 


0 when the TDMA signal disappears. (3.3.2.45) 
In this case, B(t) of Equation 3.3.2.1 is given by 


Bit) = A, ea Vit ke): (3.3.2.46) 
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1765 kHz 


(MSK) pee 
Digital Carrier Input Backoff = 20dB 


FDM/FM Carrier Input Backoff = 10 dB 
4-Pole Butterworth Filter 


—~ 41765 kHz 


(QPSK) 


3 4 5 40 20 30 40 
8T Product 


Figure 3.3.2.6 N.P.R. Corresponding to 1765 kHz Component in 972-Channel 


Carrier Due to 1.765 Mbit/s QPSK and MSK Carriers versus 
BT product. Digital Carrier Input Backoff: 20 dB. FDM/FM 
Carrier Input Backoff: 10 dB. Four-Pole Butterworth Filter 


Therefore, the function /(t) of Equation 3.3.2.30 is not a random function but 
a deterministic periodic function of t whose period is 7,;-. Therefore, /(t) can be 
expanded by a Fourier series as 


where 


ee j k 
jam 
[par are Be (3.3.2.47) 
k=-—<x 
Tr Ses 
a, iGiene eeiar. (3.3.2.48) 


Ere hs 


(pepnyouy jou siseyduiseig) synsoy poinduiog pure poinseoyy usamjoq uostedui0d : 
‘Jyoyorg jnduy [eo], snss9A JOWIeD YSdO SQW 8p | 0} ond JolWIeD jouueYyD-ZIE Ul “Y'd'N JUoUodWwOD [ejJUoWepuny L°7'¢°¢ VANS 


253 


(QP) 3$0490g ynduj jojoL 
A. 8 6 OT oe ras er bt 


peunsoowW —@— 
peyndwod 





apg = *Sd,W45 


(GP) YdN 








gp GT = Sd ,W45 





Modulation Transfers 





254 Transmission Impairments: Multi-Carrier Analysis 


Discrete Component of 
Modulation Transfer 


Thermal Noise + 
Modulation Transfer 


Thermal Noise Alone 
Freq. 


Start Frequency = O Hz 
Stop Frequency = 2.5 MHz 
Resolution S.W. = 3 MHz 
Vertical = 10dB/Div. 


Figure 3.3.2.8 Received Baseband of 972-Channel Carrier. Digital Carrier 
Modulated. Frequency Span = 2.5 MHz 


Using this expansion, the power spectra of the line components of the de- 
modulated modulation transfer are given by 


> lar sly 4 x) 


W(f) 


AS 2 
De ta, (<) aly = x) (— olf <= ey" (323.2. 49) 
Roe Tr Tr 

Note here that the frame rate of the TDMA signal (1/T;) is usually much 
lower than the symbol rate of the PSK (1/7) (1/7; is around the order of 500 Hz). 
In order to give readers some practical feeling, let us evaluate one of the simplest 
cases of V;(t) (which occurs practically at HPA) as shown in Figure 3.3.2.10. 


In this case, 


k 
AT; =e: 


1 
— Im{In[M(0, 1; Ar, Aadl | e TE 
Tr 0 


at 


, k 
sin( = at,] k 
i (5%) Tr eae 


Tr 
e ™ * Im{th[M(, 1 A,, AI}. 
x ej 
T if EF 


G55 250) 
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Therefore, 
2 
> | sin (. =~ AWE 
la | = AT; a I ] : 2 
k Ty P [Im{In M(0, 1; A;, A>)}] . 
[> i ar) 
(333.251) 
Thus, 


2 
AT, 
Ne) = (22) [Im{In M(O, 1; A,, Az)}]? 


Fi 


sin( we AZ) 5 
Se (<) 5( - 4) 
me aes Si 


(B2382752) 


As seen from this result, the line spectrum at f = k/T; does not decrease when 
k increases, i.e., it is just oscillating with k. Figures 3.3.2.11—3.3.2.13 show 
the numerical examples for these cases. As can be easily seen from Equation 
3.3.2.4, the cases in which there is more than one FDM/PM carrier, can be 
easily handled by just extending Equation 3.3.2.4 into 
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oe ce poll 
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(p#¥€) 


-Ji(py)pg(p)e dp dy (3.3.2.53) 


as far as there is only one PSK signal, where the -th carrier is considered as 
the FDM/FM signal to be demodulated. In this case, the approaches to obtain 
the line spectra and continuous spectrum due to the filter bandwidth limitation 
of the PSK signal (B(t)), and the line spectra due to the TDMA burst mode are 
exactly the same as above (only one FDM/FM and one PSK). However, if there 
is more than one PSK signal, the above approaches cannot be used in general, 
unless the ratio between the symbol rates of two PSK signals is rational. Even 
if the symbol rate ratio is a rational number, this approach is extremely com- 
plicated, although the above analysis can be applied. 

Therefore, a different approach must be applied. This book only shows a 
guideline for this general case and readers are recommended to read Reference 
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Figure 3.3.2.11 Amplitude and Phase Characteristics of the Nonlinear Devices 


[71] for a more detailed analysis. If the symbol rates of two PSK signals are 
different, the general formula of Equation 3.3.2.32 cannot be used, unless the 
ratio between two symbols is a rational number. In case where 7, and T, (re- 
spectively, the symbol periods of two PSK signals) have a rational ratio, take 
the least common multiple of 7; and 7, 1.e., 


T = q:T,,T = @T> (3.3.2.54) 


where gq, and q> are the integers which give T the smallest possible value. Then, 
the general formula of Equation 3.3.2.32 is still applicable, except for the fact 
that the random variable ®), ®, becomes complicated. 
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Figure 3.3.2.12 SNR versus TWTA Input Backoff (one TDMA and one FM Carrier) 
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When the ratio between 7, and 7) is not a rational number, the following 
approach can be used. Let us assume that there are n, FDM/FM signals and n, 
PSK signals. Then /(¢) of Equation 3.3.2.30 is now given by 


I(t) == Im log[M(1, OQ, Garon 0; Aj, A>, oe -» An,» By, Bo, eis -, B,,)] 
(3.32295) 
where 
IM (Sic OS te enOe-Ab eeAasee es Ans DB vesesBoego ests ., B,) 
oC os ny n> 
oa | i itary) I] stay || Ii JB, 
p=2 q=1 
“Ji(yp)pg(p)e’ dp. (3.3.2.56) 


For analytical convenience, the A,-carrier here is assumed to be the FDM/FM 
signal to be demodulated. Other cases can be handled in the same way. 

Assume that Equation 3.3.2.56 is expanded by a power series of B}, B>,. . ., 
B,,, as 


2 


TO) = Dy a jet City on ty, BI BY Be B.3.2.57) 


£,=0 (=0 
where Ce ¢,, ..., ¢,, 18 a function of the nonlinear characteristics g(p), f(p), and 
AO ADA. yh ee 


As explained in Reference [70], the line spectra components are given by the 
average of /(t) on all the random variables in B,, Bz, . . ., By,, 1.€., 
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where average {Bi} is obviously a periodic function of ¢ and can be expanded 

by a Fourier series whose period is the symbol period 7, of the k-th PKS signal. 

Therefore, the line spectra contained in Average {/(2)} are at the frequencies of 
m, . Mm Mn, 


Geant T,,, 


where all the m,’s take zero and negative and positive integers. 

Approaches to obtain the continuous spectrum of /(f) is unknown to the author 
at this moment, although the effects of the continuous spectrum are not negligible 
at all. 
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3.3.3. Modulation Transfer From Digital Carriers to Digital Carriers 


When a number of digital carriers pass through a nonlinear device, a degradation 
of each carrier occurs due to the intermodulation products, adjacent channel 
interferences and modulation transfers. In this Section, only the modulation 
transfers are analyzed (the other signal degradations are explained in the other 
Sections). Detailed analyses will not be done, since the effects of the modulation 
transfer from PSK signals to PSK signals are not well known yet. Therefore, 
after some simple explanations on this subject, only key points will be listed for 
readers. The complete solutions of this Section belong to future studies. 
To begin with, consider only two PSK input signals as ; 


é;(t) = A,(t) ei ot oetjorO 
i 
+ Ag (t) el@eotenrtiba0 Caan) 


where the first term is a filtered PSK signal, which is considered as an interferer 
and the second is another PSK signal, which is considered as the main signal. 
The symbol rates of these two PSK signals are not necessarily the same here. 
The signal of the A,-carrier at the output of the nonlinear device is given by 


M(O, 1; A,(2), Ap(t)) e207 02)! 45020 (3.3.3.2) 
where 


M(O, 1; A,(t), Ao) 


= I i yJo(Ai (Oy) J (Ary) Ji (yp) pg(p) ef dy dp. (3.3.3.3) 


Equation 3.3.3.2 can be rewritten as 

|M(O, 1; Ay), An(t)) [eZ oF evi tJP2© ejAMO, 1; Ai, AX) — (3,3,3.4) 
where 

Z M(O, 1; A,(), A2(t)) = Im{In[M(0, 1; A,(O, Ad) J}. (3.3.3.5) 


As seen from these two results, the amplitude and phase of the A,-carrier are 
respectively function of A,(¢) which variates with the symbol rate of the A,- 
carrier. Figure 3.3.3.1 shows the change of the amplitude and phase of the A)- 
carrier when the A,-carrier appears and disappears at various backoffs. From 
this Figure, it is clear that the following things occurs: 


(i) In the areas of small backoffs, a fairly large amount of the phase change of 
the A,-carrier appears when the A,-carrier appears and disappears. This 





*A,(t) and A(t) undergo large changes with t because of the pulse shaping filters, as explained 
in Section 2.1.3. 
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Figure 3.3.3.1(a) Input Backoff versus Output Backoff for Single Carrier Case and 
Two Carrier Case 
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Figure 3.3.3.1(b) Phase Difference Between Single Carrier Case and Two Carrier Case 
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(11) 


results in the degradation of the error probabilities of the A5-carrier if the 
amplitude of the A-carrier is not strengthened when the A,-carrier disap- 
pears. However, because of the strengthened amplitude produced when the 
A,-carrier disappears, the error probability degradation due to the phase 
change is cancelled. This effect is dependent upon the relative positions of 
two symbol periods. 

In large backoff areas, the amplitude change of the A>-carrier is almost zero 
when the A,-carrier appears and disappears but the phase of the A>-carrier 
changes because of the change of the A,-carrier envelope. Since there is no 
amplitude fluctuation of the A,-carrier and only the phase fluctuates, the 
degradation of the error probabilities of the Ay-carrier certainly occurs. How- 
ever, it may happen that the demodulation filter at the ground terminal 
reduces this change of phase. 


Thus, the degradation of the phase may be small (as shown by some mea- 
surements). It is a fact that many things are still unknown in this area. This 
effect is also dependent on the relative position of two PSK symbol periods as 
shown in Figure 3.3.3.2. If there are more than two carriers, the degradation of 
the PSK signals decreases because of the larger back off being used (the more 
numerous the carriers, the more backoff is needed compared with a two carrier 
case because of the intermodulation products). 
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EXERCISES 

Prove that k of Equation 3.1.43 must be an odd positive integer. 
Prove Equations 3.1.44 and 3.1.45. 

Derive the result of Equation 3.2.2.5. 

Derive Equation 3.2.4.3. 

Derive Equation 3.2.6.19 from Equations 3.2.6.17 and 3.2.6.18. 
Prove the result of Equation 3.2.6.28. 

Prove the result of Equation 3.2.6.27 from Equation 3.2.6.24. 
Prove Equation 3.2.6.37. 

Prove the result of Equation 3.2.7.7. 

Prove Equation 3.2.8.23 from 3.2.8.21. 

Prove Equation 3.2.8.27 from Equation 3.2.8.24. 

Derive the results of Equations 3.2.11.1.6 and 3.2.11.1.7 by yourself. 
Derive Equation 3.3.1.1.40. 


Derive the result of Equation 3.3.1.2.19 by yourself following the previous 
derivations. 


Derive Equation 3.3.2.17 using Equation 3.3.2.18. 
Derive Equations 3.3.2.22, 3.3.2.23, and 3.3.2.24 from Equation 3.3.2.21. 


Chapter 4 


MULTIPLE ACCESS AND 
TRANSMISSION SYSTEMS 
OPTIMIZATION 


4.0 INTRODUCTION 


Since multiple access and transmission systems optimization is especially im- 
portant in satellite communications, where the transmitting power is limited and 
it is very important to utilize the available satellite power efficiently, this chapter 
concentrates on these areas only. 


4.1 MULTIPLE ACCESS AND TRANSMISSION SYSTEMS 
OPTIMIZATION 


Suppose there are traffic demands to be transmitted from a number of ground 
terminals to a number of ground terminals. 

As seen from Figure 4.1.1, for example, assume that many traffics (voices, 
data, TV signals, etc.) from A, B, C, D, and E stations must be sent to A’, B’, 
C’, D’, E’ and F stations. As explained in preceding sections, there are many 
ways of transmitting these signals, e.g., voices, data, TV signals, etc. For 
example, a single voice can be transmitted by SCPC/PSK or SCPC/FM signals 
(usually companded). Data can be transmitted by PSK, DPSK, MSK, etc. Com- 
bined voices (FDM) can be transmitted by FDM/FM or PSK, DPSK, MSK, 
FSK, etc. All these are approaches of modulations. However, when all these 
modulated carriers transmitted from A, B, C, D and E stations go through a 
transponder, there are essentially three ways of utilizing it, frequency division 
multiple access (FDMA), time division multiple access (TDMA) and coded 
multiple access (CMA). 

These access technologies will be explained in the following: 


(i) Frequency division multiple access 

In this case, all these modulated carriers which all use different carrier fre- 
quencies are amplified by the transponder. Since a number of modulated carriers 
share an amplifier together, the intermodulation products and modulation trans- 
fers are produced in addition to the other types of transmission impairments 
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Figure 4.1.1 Satellite Communication Multiple Access Techniques 


(e.g., filter distortions, thermal noise, interferences from other communication 
systems). 

Thus, the transponder output power must be reduced (increase the backoff of 
the transponder) to reduce these effects, so as to operate the transponder amplifier 
in a more linear region. 


(11) Time division multiple access 

In this case, as explained in Section 2.3.6, each carrier transmitted from the 
A, B, C, D and E stations uses the transponder at different times so that it can 
be better utilized, since no intermodulation product or modulation transfer is 
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Figure 4.1.2 Transponder Loading by Frequency Division Multiple Access 
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produced in this case. Thus, each carrier utilizes the transponder by means of 
time division. Although it is efficient from the point of view of transponder 
power utilization, the ground station antennas or HPA become larger and the 
modems become more expensive because of a higher bit utilization. 
(iii) Coded multiple access 

In this case, each transmitter modulates its carriers so that each receiver 
separates the information it needs by means of codings (or patterns), i.e., the 
time division multiple access or frequency division access is not used to separate 
the information it needs. For example, spread spectrum technologies belong to 
this category. One example of the spread spectrum modulations commonly used 
is the double PSK modulation. In this case, the baseband PCM signal modulates 
the carrier first (for example, 32 kbits/sec BPSK which is the regular SCPC/ 
PSK signal) and then, this BPSK signal is modulated again, which is a repetition 
of a same bit pattern (e.g., 5 Mbits/sec). Thus, the final signal of this case can 
be represented by 


e(t) = A sin(wot + o,(t) + o>() + 8) (4.1.1) 


where ,(f) is the information bit stream to be transmitted and ¢,(f) is a much 
higher bit stream which is independent from ¢, and a periodic function of a 
same pattern. In this example, the bandwidth required for a regular BPSK signal 
(32 kbits/sec) is about 32 kHz xX 1.1 = 35.2 kHz, and the spread spectrum 
double modulation needs a 5 MHz xX 1.1 = 5.5 MHz bandwidth. 

Therefore, if the demodulator demodulates this signal e(f) at the receiver 
through a conventional BPSK demodulator, the required carrier must be 


10 log(5.5 MHz/35.2 kHz) = 21.9 dB 


time greater than that of the conventional BPSK of 32 kbits/sec transmission. 
This is very inconvenient from the transmission point of view. Therefore, the 
transmitting power is taken to be the same as that of the conventional BPSK (32 
kbits/sec) transmission. The carrier-to-noise-power ratio for the, conventional 
BPSK is about (C/N) = 12 dB (considering all the practical margins) and there- 
fore (C/N) of the spread spectrum transmission is 


(C/N), =: 12. dB.—-21.9 dB 3 — 9:9. dB 
at the receiver. At the receiver side of this case, the following signal is generated 
as 

é,@ = B sin(@t + O20 —€) +X) (4.1.2) 
since ¢,(t) is the known bit stream. The elimination of (1) can be done by 


the following feedback system. First, make the product between e(t) and e,(t) 
as 


cos{(W — @,)t + b; (2) +.b2(t) — b2(t— €) + 8— } 


AB 
ee) = 
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of ~ cos{(wp + w,)t + 6, (t) + bo() + b2(t—€) + O + AF. 
(4.1.3) 


Then, the zonal filter picks up the first term of this result (wp — w, component) 
only. This component goes through the bandpass filter whose bandwidth is 
approximately 32 kHz x 1.1 = 35.2 kHz. If € is not zero, a high bit rate 
modulation (5 Mbits/sec) still exists, since b)(t) — o,(t—€) 4 0. 

Thus, the output of this filter is reduced, since the spectrum ‘Peanut is spread 
much more than that of 35.2 kHz. 

The feedback system adjusts € so that the filter output becomes maximum. 
This is the first demodulation scheme to obtain the original information bit stream 
signal (32 kbits/sec). 

After this demodulation, (C/N) can be improved from —9.9 dB to +12 dB. 
This spread spectrum has the following merits: 


(i) Since the power spectrum is much more spread than the original PSK, the 
interference to other signals whose bandwidth is smaller than 5 MHz im- 
proves. 

(11) This system is very strong against spiky power spectrum interferences (the 
bandwidth of the interferences must be much narrower than 5 MHz for this 
example) (the best example is an unmodulated carrier interference), since, 
in the first demodulation process, the interference receives the second higher 
bit rate modulation (5 Mbits/sec) and therefore, the power spectrum of the 
interference becomes much more spread than the original bit modulation (32 
kbits/sec). Then, the second narrower bit filter (32 x 1.1 kHz) picks up 
only a very small portion of it. 

If the interference is an unmodulated carrier (a tone), the carrier-to-in- 
terference-power ratio is approximately improved by 


10 log(5 MHz/36 kHz) = 21.9 db. 


In this system, a special bit stream is used to distinguish this signal from 
the other signals and therefore, this signal can be superposed on the other 
signals in the same frequency band which can be in a same type or in a 
different type of modulations and whose power can be even larger than this 
signal power. 

This spread spectrum signal cannot have any gain over the white noise 
or the interferences whose power spectra are equally or more spread than 
that of this signal e(t). 


Thus, when the ground stations A, B, C, D, E transmit all kinds of traffics, 
in order to bring the overall cost down and, at the same time, in order to obtain 
a good quality of transmission, the following factors must be considered. 
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(i) What kind of modulation scheme should be chosen for each traffic from 
each station? 

(ii) What kind of multiple access should be used? 

(iii) The power and carrier frequencies must be chosen carefully, especially in 
the FDMA case. 

(iv) The efficient utilization of satellite transponder (maximum channel capacity) 
must be achieved by using the optimum multiple access and modulation. 

(v) The cost of earth station equipments including the antenna, amplifiers, 
mixers, modems, etc. 

(vi) The operational and maintenance easiness, flexibility, etc., must be con- 
sidered. 


The outline of all the above factors has usually been done through engineers’ 
experiences, intuititions and simple calculations, since such an overall optimi- 
zation is almost impossible to achieve at this time. Only theoretically interesting 
local optimization has been done in satellite communications. 

These local optimization approaches will be explained in the following. 

In the INTELSAT FDMA/FM system optimization, there is a software called 
“STRIP.’’ This software optimizes the carrier power of each FDM/FM signal 
in a transponder, considering (a) thermal noise, (b) intermodulation products, 
(c) cochannel interferences coming from the frequency reused transponders (sep- 
arated by cross polarizations or antenna coverages of satellites). 

In case of Figure 4.1.3, four transponders are in the same frequency band and 
are separated by the cross polarization or antenna coverage. In INTELSAT, for 
example, each transponder carries 30/40 FDM/FM carriers. The optimization 
(highest channel capacities or transmission qualities) must be done by changing 
the power of each carrier considering items (a), (b) and (c). The optimization 
parameters are here each carrier power and transponder backoff (how much 
power the transponder utilized in total). If the power of one carrier is increased, 
the interference into the other carriers on the same frequency band is increased, 
and the intermodulated product power of the same transponder is increased. The 
most computer time consuming task comes from the analysis of intermodulation 
products in this case. 

The other problems are minor, since the power spectrum of FDM/FM signals 
is approximated by Gaussian shapes (see Section 5.3 of Volume I). The algorithm 
of this case consists of making the worst FM carrier performance better by 
changing each carrier level considering factors (a), (b) and (c). 

Up to recently, the STRIP was limited to the case where all the transponder 
carriers are FDM/FM. However, just recently, a more general case considering 
the case where FDM/FM and PSK carriers are mixed in transponders has been 
completed. But, the optimization is only limited to the extent that only each 
carrier power can be changed in the optimization process considering factors 
(a), (b) and (c), which are merely a very small portion of items (i), . . . (vi), 
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Figure 4.1.3 FDM/FM Carrier Transponder Loading with Cochannel Interferences 


to be considered ideally. At present, even the location of each carrier frequency 
cannot be optimized in STRIP. 

Recently, in KDD laboratories, a software which optimizes only the location 
of each carrier (and not both power and location at the same time), has been 
developed. 

All the other factors have only been considered through engineers’ rough and 
simple calculations, experiences and intuitions. 


Chapter 5 


INTERFERENCE ANALYSIS 


5.0 INTRODUCTION 


This Chapter analyzes interferences between various signals (FDM/FM, SCPC/ 
FM, TV/FM, SCPC/PSK, continuous mode PSK, TDMA/PSK . . .) exploring 
thirty-six combinations. The continuous mode PSK is defined by a PSK signal 
whose symbol rate is higher than 32 k bauds (mostly higher than 200 k bauds) 
and which is not in a burst mode. 

In most of the analysis in this Chapter, the power spectra shown in Chapter 
V of Volume I can be used here but, in some cases, time domain analysis is 
required in cases where the power spectrum analysis loses its significance because 
of filter transients. Note here that a particular combination of interferences re- 
quires particular precautions, e.g., the interference from FDM/FM into SCPC/ 
PSK is different from the interference from SCPC/FM into SCPC/PSK. 

This is why thirty-six combinations are analyzed here. This Chapter is written 
mainly (but not exclusively) with satellite communication transmissions in mind. 


5.1 INTERFERENCE EFFECTS ON FDM/FM SIGNALS 


In normal cases, the power spectrum analysis is enough to evaluate the N.P.R. 
values. The demodulated interference power spectrum is given by 


2 


Tif) (-® <f< 00) (S20) 


where [y(f) is given by Equation 2.1.5.49,' i.e., by the convolution of the 
interference and of the r.f. signal power spectra. Therefore, the N.P.R. (noise 
power ratio) at channel frequency is given by 
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*In this case, Wy(f) of Equation 2.1.5.49 becomes an interference power spectrum instead of 
the power spectrum of the noise. 
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o2 


fihafp 


where o, f,, fe, C and G,(f) are respectively the r.m.s. frequency deviation, 
highest channel frequency, lowest channel frequency, and carrier power and pre- 
emphasis gain of the desired FDM/FM signal. Af is a 4 KHz bandwidth for a 
voice signal. The functions /(f) will be changed according to the interference 
signals. 


G,(f) (5.1.2) 


5.1.1 From FDM/FM Into FDM/FM 


In this case, both signal and interference are FDM/FM signals. 

As analyzed in Section 5.3 of Volume I, the power spectrum of the FDM/ 
FM signal consists of two portions, the residual carrier component, and the 
continuous spectrum due to the modulation. In most satellite communication 
cases, the power spectrum of the FDMA/FM signal can be approximated by a 
Gaussian shape especially in the frequency area around the carrier where the 
power is the most concentrated and the effects are the largest (see Section 5.3 
of Volume I). But, in some cases where the modulation index is small and the 
lowest channel frequency is not low, the Gaussian approximation is not valid 
anymore (see Section 5.3 of Volume I). In such a case, the power spectrum of 
the FDM/FM must be calculated by the approaches described in Section 5.3 of 
Volume I. 

Also, when the number of channels decreases, the energy dispersal signal is 
added to the baseband signal modulation. As explained in Section 5.3 of Volume 
I, the power spectrum of the FDM/FM signal can be written if there are more 
than 60 channels, as 


Ge" SCF ia) Wes eres} O<f) (5.1.1.1) 


where C is the FM signal power and R,,(0) is the autocorrelation function of the 
modulating phase (therefore, R4(0) is the power of the phase). W..(f—fo) is 
the continuous portion. 

Thus, represent the power spectra of the desired FDM/FM signals and of the 
interference FDM/FM signals respectively, by 


Ce SO SCF— fo.) + Wees(f—Sos) (rl st) 


and 
Cre“ RF= for). + Weer f—for)- (5.1.1.3) 
Therefore, the function [y(f) is given by 
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where the first term is the line spectrum and the other terms are continuous 
spectra. In other terms, if neither the residual carrier power of the interference 
nor the signal are negligible, then a line spectrum appears in the demodulated 
baseband interference, which is located at the frequency |fo, — fo,|- 

Since the line components (tones) or intelligible crosstalks are much more 
harmful than noise-like interferences, one must be cautious with the analysis. If 
one of the residual carrier powers is negligible, i.e., the value of e— %O of 
eB is very small, as in normal cases of satellite communications and if two 
continuous components exist as seen from Equation 5.1.1.4, then 
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The conditions for e = 0 or fore = (0), are obviously seen from 
Equation 5.1.2.6 of Volume I, as mentioned in this Section. In most cases in 
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satellite communications, the residual carrier power of the FDM/FM signal is 
negligible and the Gaussian approximation for the power spectrum is valid. 
Therefore, in this case, 
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When the number of channels is reduced and the energy dispersal becomes a 
dominant modulating signal, the power spectrum of the FDM/FM signal can be 
approximated by a rectangular shape whose width is f, (peak-to-peak deviation) 
(see Section 5.2 of Volume I). 

In this case, it is simpler to evaluate /,(f). 





=C, Gals) 


5.1.2 From SCPC/FM Into FDM/FM 


As shown in Section 5.4 of Volume I, the power spectrum of the SCPC/FM 
signal is very spiky around carrier frequency fo (most of the energy is within 4 
KHz around fo). On the other hand, the power spectrum of the FDM/FM signal 
is much wider than that of the SCPC/FM signal (the 12 channel FDM/FM signal 
occupies 1.25 MHz bandwidth and the SCPC/FM signal, only 25 KHz). There- 
fore, Iy(f) of Equation 5.1.1.4 can be approximated as* 
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In normal cases of satellite communications, eo a) 
In such cases, 
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‘The power spectrum of SCPC/FM does not have a Gaussian shape in distribution, but let 
C,;e —*! represent the residual carrier power of the SCPC/FM for notation convenience. 
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Cc = 
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This is equal to 


Inf) = SE Weal ffort hi) (-@<f< 2). 6.1.2.2 
Thus, the power spectrum of the demodulated interference is proportional to the 
r.f. signal power spectrum. 

Since a large number of SCPC/FM signals, which are all equally spaced in 
frequency and are almost equal in power level, usually occupy a transponder, 
the total demodulated interference power spectrum is, from rewriting Equations 
Sez and Sl) 2 as I(t for + Io.) 


M> 
Wif) = 2 If fort fos FAP) (5.1.2.3) 


where Af is the frequency spacing of each SCPC/FM and (M, + M, + 1) is 
the number of these interferences. Since the value of Af is much smaller than 
the bandwidth of the FDM/FM signal, the accumulation of these small SCPC/ 
FM signal effects cannot be ignored sometimes, although each SCPC/FM power 
can be. 


5.1.3 From TV/FM Into FDM/FM 


As seen from the explanation of Section 5.5 of Volume I, the power spectrum 
of a TV/FM signal is very non-stationary and changes very much from time to 
time depending on programs. Therefore, it is hard to describe the effects on 
FDM/FM signals in general. 

The effects of modulated TV/FM signals without energy dispersal will be 
analyzed first and then, the case where the energy dispersal dominates the mod- 
ulation with a weak signal modulation will be discussed. 

Since the video baseband signal contains the line spectra, the power spectrum 
of a TV/FM signal is very spiky as seen from Figure 5.5.3 of Volume I. However, 
the demodulated TV interference power spectrum becomes much smoother be- 
cause of the convolution of Equation 5.1.1.4, depending on how much the power 
spectrum spread of the FDM/FM signal is. The larger the size of the FDM/FM 
signal, the smoother it is. Figure 5.1.3.1 of Volume II shows the convolution 
of the TV/FM power spectrum of Figure 5.5.3 of Volume I, and a typical FDM/ 
FM signal, where one can see that all the sharp spikes of Figure 5.5.3 of Volume 
I disappear because of the convolution with the Gaussian type power spectrum. 

Next, take the case where video modulation is very weak and only the energy 
dispersal dominates the modulation. If there is only energy dispersal, the power 
spectrum consists of many small line spectra whose space is equal to the energy 
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dispersal sweep rate (e.g., 30 Hz and about 15 KHz respectively) for the frame 
and line rate energy dispersals and the envelope of these line spectra is shown 
in Figure 5.5.4 of Volume I where the width of the rectangular shape is the 
peak-to-peak dispersal frequency deviation (usually 2 MHz). 

On the other hand, the filter bandwidth of the FDM/FM signal is at least | 
MHz. Therefore, when the TV signal instantaneous frequency is swept slowly 
(30 Hz or 15 KHz) (as in the shape of Figure 5.2.1 of Volume I), +1 MHz 
compared with a 1 MHz FDM/FM bandwidth and when the frequency distance 
between the TV/FM and the FDM/FM signals is close (i.e., co-channeled), the 
time response of the FDM/FM IF filter for this TV/FM signal is shown in Figure 
5.1.3.2, where T, is the energy dispersal periodic period (see Figure 5.2.1 of 
Volume I), Brpy is the IF filter bandwidth of the FDM/FM signal, f, is the 
peak-to-peak deviation of the TV/FM signal, and A7y is the amplitude of the 
TV/FM signal. In case Brpy/fy > 1, the TV/FM signal (modulated only by the 
energy dispersal signal) passes through this IF filter without any distortion. When 
the FDM/FM IF filter is not large enough to make a response of this type (Figure 
5.1.3.2), the time response becomes completely different as shown in this Section 
with respect to TV/FM interference into SCPC/FM (with line rate energy dis- 
persal). Therefore, the TV/FM signal interferes with the FDM/FM signal with 
its full power for a percentage of the time Brpy/f, as shown in Figure 5.1.3.2. 
Thus, in this time period T,Brpy/fy,, the threshold deterioration of the FDM/ 
FM signal must be considered, since the TV/FM signal occupies at least half 
the transponder and the FDM/FM signal may occupy a small portion of the 
transponder power. In this case, the isolation effect (the isolation due to cross 
polarization, satellite orbital spacing, etc.) will be very much reduced. However, 
in the above threshold area, the time domain analysis is not required and the 
function Jy(f) as shown in Figure 5.1.3.1 is only necessary to evaluate the 
N.P.R. value. 


5.1.4 From SCPC/PSK Into FDM/FM 


The power spectrum of SCPC/PSK is given by Equation 5.6.1.5 of Volume I, 
Ce, 
2 


iG Fo) (5.1.4.1) 


soled) 
7 T(f —for) 








Wi(f) = cn] 


where C,, 7;, fo, and Y,(f — fo) represent respectively the carrier power, symbol 
period, carrier frequency and transfer function of the transmitter filters of the 
interference signal which cuts off all the sidelobes as explained in Section 2.3. 
In the present SCPC/PSK signal, the symbol rate (T;)_ | is 32 K bauds which 
is much smaller than the FDM/FM spectrum bandwidth. Thus, the function 


Iy(f) 1s given by 
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As explained in the preceding sections, in most satellite communications, the 
residual carrier power is negligible. In this case, 


€ 
Inf) = Wees(f — Sor + fos) (5.1.4.3) 
Since the SCPC/PSK signals appear as a large group with equally spaced fre- 
quency and with equal power (approximately), the total effect of the SCPC/PSK 
on the FDM/FM signal is given by 


M> 
> Iv(f-kAf) (5.1.4.4) 
k=—M, 


where Af is the carrier spacing of the SCPC/PSK signal and the total number 
of SCPC/PSK signals is (M, + M, + 1). Usually, Afis much smaller than the 
power spectrum of the FDM/FM signal bandwidth and therefore one has to 
consider the effect of a number of SCPC/PSK interferences. In the case where 
energy dispersal modulation dominates, Equation 5.1.4.3 can be used and W.,,(f) 
can be assumed to be a rectangular shape as shown in Figure 5.5.4 of Volume I. 


5.1.5 From Continuous Mode PSK Into FDM/FM Signal 


The power spectrum of the continuous mode PSK signal is given by the same 
representation as Equation 5.1.4.1. However, the interference power spectrum 
bandwidth is much wider than that of the SCPC/PSK and is comparable to that 
of the FDM/FM signal or can be even larger than that. Therefore, Jy(f) is given 
by 

Iv(f) = eRe (OWiF— for * fos) 
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As repeatedly mentioned in the preceding sections of this Chapter, in most 
cases of satellite communications, exp[—R,(0)] = 0 and the power spectrum 
can be approximated as a Gaussian shape. Then, 


iby, = Qn)" 2 
ivf) =~ C, | El : 
-T, T, 
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In Equations 5.1.5.1 and 5.1.5.2, the effect of the PSK signal transmitter 
filters is ignored. However, the sidelobe power spectrum is much smaller (— 13.5 dB 
down) than the main lobe which is a good approximation in most cases. 

If there is a number of interferences of this type, the addition of Equation 
5.1.4.4 must be done. If the energy dispersal dominates the FDM/FM modu- 
lation, 
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5.1.6 From TDMA/PSK Signal! Into FDM/FM Signal 


The difference between the continuous mode PSK and the TDMA/PSK signals, 
from the interference point of view, is that the former always exists as a source 
of interference and the latter disappears periodically because of the burst mode 
of the TDMA. 

Represent the TDMA interference by 


I() = Va(Ne;()e7°" 
= Ve@) Ajeet 6) 16:1) 


where e,(t) is the continuous PSK signal and V,(¢) is the burst mode envelope 
of the TDMA signal which is a periodic function of the frame rate (e.g., 500 Hz). 
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Vg (t+Tp) Va (t) V2 0-1) 
Figure 5.1.6.1 Example of Frame Window Function 


V(t) = 1 when a burst appears 
= 0 when no burst appears. (58176: 2) 
Represent also the FDM/FM signal by 
e,(f) = Aol? IO FIs. (5.1.6.3) 


Then, from Equation 2.1.5.6, the demodulated interference (before the channel 
filters) is given by 
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ences — | at IP s(t) —J95 —jOst 
Qa dt nt : 





ig d V(t ‘@.—j 
=—" 4 in] 2 exne De ISS “»} (5.1.6.4) 


Ss 


As seen from this result, the demodulated interference (before channel filters) 
disappears when there is no burst. Now, let us see the output of a channel filter 
of the FDM/FM signal for the input of Equation 5.1.6.4. The problem is whether 
this coming on and off of the interference in Equation 5.1.6.4 still holds after 
channel filters or not (channel filters mean that each voice band filter should 
pick up each voice after the FDM/FM demodulation. See Section 3.1.4 of 
Volume I.) 

The impulse response of a channel filter can be represented by 


el?*on f(t) (5.1.6.5) 


where f,,, is the lower edge band frequency allocated for this channel and h(t) 
is the voice bandpass filter (about 300 Hz/3000 Hz). The rough time width of 
h(t) is 1/3000 sec. 

On the other hand, the frame time length 7; is variable, roughly from 1/500 
to 1/2000 sec depending on the TDMA system design. 

If the impulse response of Equation 5.1.6.5 convolves with Equation 5.1.6.4 
(see Figure 5.1.6.1), two cases may occur: 


(a) If the frame period is very long and each burst is longer than the width of 
h(t) (1/3000 sec), the demodulated TDMA interference (after the channel 
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filter) appears and disappears, although the amount may be small depending 
on the values of ¢, and (w, — w,). 

(b) If each burst is not long enough or if each burst is short, then the bursts 
distorted by the channel filter eliminate the on-off effect of the TDMA signal. 


In the following, the average power of the demodulated interference at each 
channel will be evaluated. The power spectrum of /(2) is the convolution of the 
power spectra of e,(t)e/°” and V,(t). The former is given by Equation 5.6.1.5 
of Volume I and the latter is given by 


. k 
Wa(f) py jale8(¢- ©) (5.1.6.6) 
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where 


1 (7F —j2a fe 
a= Va (te teat Or1567) 
T; Jo 
The frame rate 1/7; is much smaller than the TDMA/PSK symbol rate (e.g., 1/ 
I; = 500 Hz and 1/7; = 60 MHz in INTELSAT case). Therefore, if Wz(f) 
and W,(f) are convolved, W,(f) can be considered as a 8-function (instead of 
the sum of many 6-functions, as shown by Equation 5.1.6.6). Note here that 
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where Pz is the percentage of time the bursts are appearing. Therefore, the power 
spectrum of the TDMA/PSK is given by 
2 
een) 
{tt (x — fox) Ti} 


Settt fda] 
{a (f — for) Ti} 


t= for)? (5.1-6,9) 


where Y,(f —fo;) has the same definition as Equation 5.1.4.1 and C; is the power 
of the TDMA/PSK signal, assuming that all the bursts have equal power and 
that the transponder is completely filled up (same as for the continuous PSK 
case). Then, the analytical result of Sections 5.1.4 and 5.1.5 can be used. The 
only difference is that the TDMA/PSK power spectrum is approximately uni- 
formly reduced by the factor Pg from the power spectrum of the continuous 


mode PSK signal. 
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5.2 INTERFERENCE EFFECTS ON SCPC/FM SIGNALS 


The power spectrum bandwidth of SCPC/FM signal is much narrower than that 
of FDM/FM, TV/FM, SCPC/PSK, continuous mode PSK and TDMA/PSK sig- 
nals. The interference effects of SCPC/FM on SCPC/FM signals belong to a 
different case, since both signal and interference have the same power spectrum 
or a similar one. 

The interference effects of the former four signals (except for the TV/FM 
signal) on the SCPC/FM signal are stationary, since the convolved results of 
these signal power spectra with the SCPC signal are unchanged, although the 
power spectrum of the SCPC/FM signal is non-stationary. 


5.2.1 From FDM/FM Into SCPC/FM 


To obtain function Jy(f), the representation of Equation 5.1.1.4 can be used, 
where C,e ** 8(f), Woes(f), Cre 8 (f) and Woe(f) are respectively 
the residual carrier power and the continuous power spectrum of the SCPC signal 
(see Section 5.4 of Volume I) and the residual carrier power of the FDM/FM 
signal (see Section 5.3 of Volume I). The power spectrum of the FDM/FM 
signal is much wider than that of the SCPC/FM and therefore, 
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—Rg (0) ; tA xt 
wheree ** and Wees(f—for + fos) change from time to time in a non-stationary 
way. However, these two components (the power spectrum of SCPC) are im- 
portant or not depending on the values of (fo; —fg,), i.e., 


(a) If |for — fos| = 8 KHz, then the line spectrum will be filtered away and if 


‘The line spectrum component cannot be ignored in some cases, although it is very small, since 
it creates a tonal interference. 
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lfor — fos| < 4 KHz, then it gives the SCPC/FM signal a tonal interference 
(after demodulation). 

(b) |for — fos| = 8 KHz, the effect of W.es(f) is negligible since the power 
spectrum of the SCPC is concentrated within 4 KHz. If |fy, — fo,| < 8 
KHz, this effect must be considered. 


The last term of Equation 5.2.1.1 always exists and, when the energy dispersal 
only is applied in the FDM/FM signal, tonal interferences appear in the baseband 
signal of the SCPC/FM. If energy dispersal is not applied and the interference 
residual carrier power is very small, 


TAG) = Werf =slor twos) 
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1 — 
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In this SCPC/FM signal case, the total demodulated interference power in the 
voice band must be evaluated. 





1 oo 
aa [ris lrenPas (5.2.1.3) 
where Y,(f) is the bandpass filter of the voice signal. 


5.2.2. From TV/FM Into SCPC/FM 


In this case, two types of analyses must be done: one is the power spectrum 
analysis which is necessary for the above threshold analysis, and the other is 
the threshold analysis in which time domain analysis is required. The power 
spectrum analysis is first described and then, time domain analysis will be shown. 

In the former case, the result of Equation 5.1.1.4 is still applicable. The first 
term of Equation 5.1.1.4 appears only when the residual carriers of both signal 
and interference exist, the second term exists when the residual carrier of the 
signal (SCPC/FM) exists, the third term exists when the residual carrier of the 
interference (TV/FM) exists. Although the convolution of the last term is smoother 
than the continuous power spectrum of the TV/FM signal (W...(f— fo; + fos))s 
it is not clear whether the following approximation can be done or not 


1 oc 
C i W cos (X) Weel f for + fos —x)dx 
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‘It is assumed in this approximation that W,,, is much more widely spread than W,.,, which 
is true in most practical cases. For the convenience of the notation, c,e ® is represented 
as the signal residual carrier power, although it is no mathematically correct. 
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Figure 5.2.2.1 SCPC/FM Demodulator Filter Output for Energy Dispersal FM Signal 
Input (Frame Rate Energy Dispersal Case) 


since both power spectra are spiky in fine structures. In this case, the integral 
of Equation 5.2.1.3 must be evaluated. 

In order to evaluate the threshold characteristics of the TV/FM interference 
effects on the SCPC/FM, time domain analysis must be done as follows. When 
the baseband signal of the TV/FM modulation becomes weak and energy dispersal 
dominates the modulation, the deterioration of the SCPC/FM threshold char- 
acteristic becomes serious in the case of frame rate energy dispersal (of TV/ 
FM). As explained in Section 5.1.3, if the IF filter bandwidth of the signal 
(SCPC/FM, 25 KHz) is much larger than the energy dispersal rate, in the same 
percentage of time (See Figure 5.1.3.2), the TV/FM signal interferes with the 
SCPC/FM signal with full power in a pulse shape. Therefore, if the TV/FM 
signal is modulated by the frame rate energy dispersal, since the ratio between 
the SCPC/FM IF bandwidth and frame rate is 25 x 107/50 = 500, the TV/FM 
interference repeatedly hits the SCPC/FM signal with full power as an impulse 
whose frequency is 50 Hz and pulse width is T,B,.p./2f4 = (1/(2 x 50 Hz)) 
% 250% 10° Hz 56 25x 108 een ee BO aersec: 
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Assuming that the SCPC carrier is located around the TV/FM carrier, the 
approximation for a, of Equation 5.2.14 of Volume I is used to obtain 
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Figure 5.2.2.2 Wave Form Shape of Function E(t) (Frame Rate Energy Dispersal Case) 
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m = filfy. (5.2.2.3) 


The power of each SCPC/FM is the transponder output backoff —6 dB — 
26 dB = —32 dB (with 400 carriers), while the TV/FM carrier power is 0 dB 
or —4.0 dB input backoff, depending on whether there is one or two carriers 
per transponder.’ Thus, one can imagine that the TV/FM interference hits the 
SCPC/FM signal very hard. In order not to have any threshold deterioration 
during this pulse period, the isolation between the TV/FM and SCPC/FM must 
be 43 dB or more. 

On the other hand, if the line rate energy dispersal is used for a TV/FM signal 
(15 KHz rate), only two line components of the power spectra (see Figure 
5.2.2.3) fall at most in the IF filter of the SCPC/FM signal (25 KHz bandwidth). 


Filter Attenuation (dB) Filter Attenuation (dB) 
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Figure 5.2.2.3. 15 KHz FM Energy Dispersal Interferences into SCPC Signal 
"In order to obtain the level difference between the SCPC/FM and TV/FM signals at the SCPC/ 


FM demodulator, factors such as antenna isolation, polarization isolation, etc. must be considered, 
in addition to the above backoff level difference. 
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Therefore, there is no such problem of threshold deterioration. Figure 5.2.2.4 
shows the combined time function of these two line spectra (sinusoidal waves). 
The total power of these 501 line spectra (Equation 5.2.2.2) is 


A? (501) 


5 = (5.2:2.4) 


while the instantaneous peak power of Equation 5.2.2.2, which occurs when 
t = T,/4 + kT,/2, is 


A~ *2(250) 
beat Gr») 


where 
2 x 10° Hz 
= ————— _ = 4 x 10+. 
50 Hz 


Thus, the peak power is 24.0 dB larger than the average power. On the other 
hand, in a line rate energy dispersal case, the total power is 


A* 2 
a (5522220) 
Dy Vip 
where 
2 x 10° Hz 
= ———_{_———— = 127.4. Dela 
ODA STA OF He ( ) 


Thus, from Equations 5.2.2.4 and 5.2.2.6, the average power of the frame 
and line rates is about the same. 

The peak power of the line rate case is only 3 dB larger than that of the 
average power. This is the reason why the frame rate energy dispersal of the 


Approx. A 4/ —— 





Figure 5.2.2.4 Output Wave Form of SCPC Demodulator Filter for Energy Dispersal 
FM Signal Input (Line Rate Energy Dispersal Case) 
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TV/FM interference is much more harmful to the SCPC/FM signal threshold 
characteristics. 


5.2.3 From SCPC/FM Into SCPC/FM 


The results of Equations 5.1.1.4 and 5.2.1.3 can be used. The demodulated 
interference power spectrum (1/2C,)f */,(f) varies quickly from time to time 
because of the non-stationary nature of the voice signals (interference and signal). 
The locations of the interfering SCPC/FM signals relative to the desired SCPC/ 
FM signal should be far enough from one another so that 


(a) The line spectrum (the first term of Equation 5.1.1.4) should not be within 
the signal baseband, i.e., |,fo, —fo,;| > 4 KHz, since the effect of the tonal 
interference is very severe. 

(b) If possible, | fo, —jfo;| > 8 KHz should be maintained, since the effects of 
the second and the third terms of Equation 5.1.1.4 become very small in 
this case (see Figures 5.4.1 and 5.4.2 of Volume I). 

(c) Since the convolution of the two continuous spectra of the SCPC/FM inter- 
ference and signal has a wider distribution than that of each spectrum, a 
separation of | f; — fo,| > 12 KHz makes the interference effects much smaller. 





5.2.4 From SCPC/PSK Into SCPC/FM 


Since the main lobe of the SCPC/PSK signal usually has the frequency width 
of the symbol rate (normally 32 KHz) and the power spectrum of the SCPC/FM 
is concentrated within +4 KHz around carrier frequency, function Jy(f) can 
be approximated as 


sin{a(f —foy “aT 
T(f—fort+fos)T; 
AVG —for+fo)|?)  (—2i<f < &) (5.2.4.1) 


NG) = cmn| 


where Y,(f—fo,) is the transfer function of the SCPC/PSK signal transmitter IF 
filter. If the SCPC/FM signal can be located at midpoint between two SCPC/ 
PSK interferences, the effects of the interference can be minimized. The de- 
modulated interference noise power is given by 


‘ sin{t (f — fo, + fos) T;} 

Gy Sa 
(nD Ib T(f—for+Sos) Ti 

sa eee) cae fea (5.2.4.2) 


where Y,(f) is the low pass filter of the SCPC/FM baseband signal. 


IY f—for + fos)? 
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5.2.5 From Continuous Mode PSK Signal Into SCPC/FM Signal 


This case is essentially the same as that of Section 5.2.4. However, the symbol 
rate of the continuous PSK signal is much larger than the bandwidths of Yap) 
and of the SCPC/FM power spectrum (e.g., 100 Kbauds or larger) and the 
average power of the demodulated interference of Equation 5.2.4.2 can be further 
approximated by 


T( for Jos) T, 


where B, is the voice bandwidth (3 KHz). 


2 
2B. 
(C;T;) [¥1( for — fos) |? (2) (5.2.5.1) 


5.2.6 From TDMA/PSK Into SCPC/FM Signals 


In a way similar to the explanations in Section 5.1.6, the TDMA burst mode 
effect may cause a burst interference change depending on the burst lengths in 
relation to the voice signal bandwidth (4 KHz). The average interference power 
is given by Equation 5.2.5.1 multiplied by P, (defined by Equation 5.1.6.7), 
er 


{1 T, (for — fos) } 


2B: 
3 





2 
Pacit | fy =f ( ). (5.2.6.1) 


5.3. INTERFERENCE EFFECTS ON TV/FM SIGNALS 


From the explanations in Section 5.1 and 5.2, it is not necessary to describe the 
demodulated interference power spectrum in detail, since function /,(f) only 
varies in magnitude and the distribution shape is unchanged even if the inter- 
ference and the signal have exchanged their position. Therefore, in the following, 
only important factors will be pointed out, which are particularly important with 
a TV/FM signal. 

In this case, two quantities must be evaluated as the demodulated noise power. 


(i) For the video baseband signal, 


1 6.2 MHz 
eG i FP In(f) Gy(f)We(f) af (5:3:1) 


where C, is the TV/FM carrier power, G,(f) is the pre-emphasis effect and 
W.(f) is the weighting factor for the different frequency components (i.e., 
the effects of the different frequency components of the interference on the 
baseband video signal) (this function should be determined according to 
people’s subjective intuitions) and 

(ii) the power of the interference in the baseband falling in the audio FM signal 
passband, where the interference spectrum can be assumed to be flat in this 
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small bandwidth of the audio FM passband. The interference power on the 
audio FM signal is 


= 2 ln fo) (Se) Sof (5.3.2) 


where f, is the carrier frequency of the audio FM signal in the video baseband 
and A,f is the bandwidth of this FM signal. 


5.3.1 From FDM/FM Into TV/FM 


The function Jy(f) is smoothed very much by the FDM/FM power spectrum as 
seen from Figure 5.1.3.1, although the TV/FM power spectrum is spiky and 
unsmoothed. Unless there are line spectrum components (tonal interferences), 
the demodulated interference should be noise-like. 


5.3.2 From SCPC/FM Into TV/FM 


The convolution of the SCPC/FM power spectrum with the TV/FM power spec- 
trum results in one which is similar to the TV/FM power spectrum, but a little 
smoothed and spread. 

The SCPC/FM interference usually interferes with the TV/FM as a large group 
and the effect of each SCPC/FM signal must be added to obtain the total effects 
with the weighting function W,(f). 


5.3.3. From TV/FM Into TV/FM 


As explained in the preceding sections, the power spectrum of the TV/FM signal 
is very non-stationary and varies from time to time. However, the average power 
spectrum has a Gaussian shape as reported in [22] and the convolution to obtain 
Iy(f) is easy to achieve, since the convolution of two Gaussian shapes is a 
Gaussian shape. A rough estimation of interference effects may probably be 
done with reasonable simplicity by using this approach. 


5.3.4 From SCPC/PSK Into TV/FM 


The TV/FM power spectrum becomes very much smoothed after the convolution 
with the SCPC/PSK power spectrum whose width is about 32 KHz, although 
the rough shape of the function of /,y(f) is similar to that of the TV/FM. Since 
the average power spectrum of the TV/FM signal can be in a Gaussian shape 
[22], Iy(f) due to a SCPC/PSK is given by 


A 2 
hipaa Denies tO see te ta 
ae ak TI f — for + xfos) 


oe : 2 
—R,,(0) sin(1xT,) l 
+ CTA e | ——_——_ | ——_ 
a —% wxT, | V2 0, 
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Bi Cisaiorete fontene®) a 
-e 2 oF Col ax. (S.3:451)¢ 


Since the SCPC/PSK interferences come as a group, the total effects are a sum 
of these /,(f) as in Equation 5.1.2.3. 


5.3.5 From Continuous Mode PSK Into TV/FM 


The symbol rates of the continuous mode PSK signals are usually much larger 
than that of the SCPC/PSK signals (about 200 K bauds/60 M bauds) and the 
function J,(f) becomes much more smoothed than that of the SCPC/PSK case. 
In some cases (large baud rates), /,(f) becomes completely different from the 
case of a TV/FM signal (it becomes much flatter). The results of Equation 5.3.4.1 
can still be applied and the sum of /,(f) for other PSK signals must also be 
done if needed. 


5.3.6 From TDMA/PSK Into TV/FM 


In most TDMA/PSK cases presently used, the TDMA/PSK symbol rates are 
larger than that of the TV/FM signal power spectrum bandwidth. Therefore, the 
function /y(f) has a shape similar to the power spectrum of the PSK multiplied 
by |Y,(f)|*. The representation of Equation 5.3.4.1 is also applicable with the 
multiplication of P, defined by Equation 5.1.6.8. In this case, the TV/FM signal 
filter bandwidth is wide enough to obtain the interference appearing and dis- 
appearing in the demodulated TV baseband (due to the TDMA/PSK burst mode). 


5.4 INTERFERENCE ON SCPC/PSK 


For PSK signals, the demodulated noise power is not directly important. The 
direct measure of the PSK signal is the error probabilities in the demodulated 
bit sequences. If the interferences (or noise) are Gaussian, the total power falling 
in the receiving IF filter is only important in single sampling detection cases. 
In other detection cases (e.g., integrated and dumped detection cases), the power 
spectrum of the interference matters, even in Gaussian interference cases. 

There are three practical approaches being used to evaluate the error proba- 
bilities of PSK signals. 


(a) If there are not many interferences and if they are all in the passband of the 
PSK signal filters (i.e., if they are not distorted), then, the interference 
effects are not Gaussian at all, since the interference signals are peak-limited. 
This case is called ‘‘co-channel interferences.”’ 

(b) If there are more than five interferences and if none of them dominates the 
others, the total power of the interferences only needs to be evaluated in 


*The residual carrier power of the TV/FM signal is represented by C, exp[ —Ry,(0)] for notational 
convenience, although the baseband signal of TV/FM (TV signal) does not have a Gaussian prob- 
ability function. 
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most cases, since the sum of these interferences can be approximated as a 
Gaussian process. 

(c) If the power spectrum of the interference is much wider than that of the 
signal (the interference will be very much distorted by the signal filters), 
then, the total power of the interference falling in the signal filters is usually 
used to evaluate the error probabilities as an approximation, assuming this 
filtered interference is a Gaussian process, although this approximation in 
some cases is not accurate. 


Since cases (b) and (c) are only a matter of integrating the interference power 
spectrum multiplied by the signal filter transfer functions, case (a) will be ana- 
lyzed here. The SCPC/PSK signals are usually operated in linear regions of the 
non-linear devices (e.g., HPA and TWTA) and, therefore, a linear channel is 
assumed here. The non-linear channel case will be analyzed in the Section 
handling the case of the interferences on the TDMA or on the continuous mode 
PSK signal. The SCPC/PSK and SCPC/FM interference cases belong to (a) and 
the other cases (FDM/FM, TV/FM, continuous mode PSK and TDMA/PSK 
interference cases) belong to (c). In the following, the case (a) is analyzed. 

As an illustration of a general case, the M-ary PSK case will be analyzed 
here. 

Let us represent the input to the demodulator by 


é(t) = Aelt* i? + N@ elt 


H 
eRe eas (5.4.1) 
[=4 
where it is assumed that A and B; are all constants. @ and X, are uniformly 
distributed in (0, 27). 


N(t) = Nt) + JN, (5.4.2) 
A = amplitude of the desired signal 


®, = angular carrier frequency of the desired signal 
§ = modulating angle of the desired signal 
N. = in-phase component of noise 


N, = quadrature component of noise 

B, = amplitude of the /-th carrier 

®, = angular frequency of the /-th carrier 
6; = modulating angle of the J/-th carrier 
A; = random phase of the /-th carrier 

H = number of cochannel interferences 


If it is assumed that 0 is equally likely to be any of the M phases, the probability 
with which the received signal point P falls outside the decision cone D in Figure 
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5.4.2 represents the desired error probability. According to the analysis given 
in Section 2.3, the probability with which P falls inside D is 


Conn (ale 
sd ] 
D ( 7 O;) F, 0 0 2 202 


SLC a) ork yy ef dx dy (5.4.3) 
where 
ao, = power of N,(t) or N.(t) (r.f. noise power) 


Q) = A cos (=) 
M 
Bo = Asin (=) 
=" tani 
M 


B, cos[(w, — w,)t + $, + dj] 


=a 
| 


fe) 
lI 
Mr 


~ 
ll 


noe) 
I 
Mr 


B, sin[(@, re w,.)t 45 o, ar Va 


~ 
i 
es 


E, = averaging with respect to a and B. 
a, 


Rewriting Equation 5.4.3 in terms of the characteristic function ®y of the 
cochannel interference yields 


boo} oC oc Tx 
Ps = on)? | i | | e 1 e0)4 — JY = Bo)v 


1 
: oxo ale a ") ®,(u, v) du dv dx dy (5.4.4) 
where 
Do Ged) ME, tel"), (5.4.5) 


If it is assumed that the random phases of the cochannel interference op, are not 
interdependent and are uniformly distributed in (0,27), then ®o(u,v) can be 
expressed as 


H 
@o(u; v) = i J6( BIN 0? v2): (5.4.6) 


In order to evaluate the integral of Equation 5.4.4, the power series expansion 
approach of ®o(u,v) is used here as in Section 2.6 of Volume I. 
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Figure 5.4.1 Receiving Scheme of PSK Systems 
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Figure 5.4.2 Signal Space of PSK Systems 
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To achieve faster convergence in the evaluation of error probabilities via the 
power series expansion method, define 


B?. (5.4.7) 


RI 
Ms 


OF k= Oe 


i=0 


Hence, o? can be interpreted as the sum of the RF noise power and a part of 
the RF cochannel interference power (with the fraction A). With this definition, 


Equation 5.4.4 can be modified as follows: 


a s ve (Tx eee) 
= (27)~? Seine 2 


e TRC IY =P (uy) eit +) dy dv dx dy (5.4.8) 
where 
ho ee cos( 2) a orale (5.4.9a) 
Co o M ACH 
: += > B 
2 i= 
A A si /M 
o o M JA H 
oe 
ye = 
‘ayo Nee 
Te ee 
= = — (5.4.9c) 
Te Ronen HE, 
Ce a = 
‘ zs var) (5.4.10) 
= Vols ; A. 
,(u, Vv) “Ne 0 o 
Now expand 
Mp + v?) 
®,(u, v) e 2 
into a power series: 
Dey) 28a! Ga Es baer bene (5.4.11) 
m=0 n=0 
Define the Hermite functions ®,,(x) as 
Hy 
Opes Kom) HO) oxe( =) (.4e12) 


forn = 0, 1, 2,..., where H,(x) is the Hermite polynomial of degree n 
These Hermite functions admit the following recurrence relationships: 
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b,,(x) a — 0,41) 
n+ 1X) = Xbq(%) — Nby- 1) (5.4.13) 


where the prime denotes the differentiation with respect to x and 
2 


Ooo on { xp( =") dt = = erfe (=). (5.4.14)? 


Hence, substitution of equations 5.4.11—-5.4.14 into Equation 5.4.8 yields 
oC Tx 
fp = i i do(X — &1) bo(y — Bi) dy dx 
a > (as bom,2nlP2m—1¢— %1) Pon —1(— Bi) 


= Dees B,)] (©7485) 


where the prime after the > denotes the exclusion of the term with m = n = 0, 
where boo = 1, as can easily be seen from Equations 5.4.10 and 5.4.11 and 
where 


Den Qs B,) Se ( Din (X - a1), (0x na B,) dx. (5.4.16) 


The quantity in Equation 5.4.16 can be evaluated by using the recurrence 
method. The recurrence relationships for computing /,,,(@;, B,) have been de- 
rived in Reference [77] and are as follows: 


Le (On sea) = noi = &) O— Bp) — 187 ieee yess 1 (0's or) (5.4.17) 


where 
To, n(Q1,B 1) = oy Ci4i( a sin — p, cos) 
De 27 
; (cos) |. a bara cos a7 
+ B, sin2t) ( —sin2#) | (5.4.18) 
M M 
in which 
o1= 1 if n=l 
= 0 if nAl. 


‘The definition of this error function, erfc(x) is different from the one defined in proceding sections 
(e.g., see Section 2.2 of Volume J). 
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If M = 4, then the term /),, 2, —(Q , B,) in Equation 5.4.15 should be set equal 
to zero and computation of any /,, ,(@,, 8;) is unnecessary. 

Computation of the coefficients b,,, 5, is slightly different from the compu- 
tation in [41]. The new computational procedure will be provided in the next 
part so that the >’ term in Equation 5.4.15 can be evaluated. The first term in 
Equation 5.4.15 can be computed by direct integration or by the following 
approximation derived in Reference [41]. 


oC Tx 
I Ho(xX — a1) bo(y — By) dy dx 


0 


1 1 
= 5 erfe[2- °C cos 05] + 5 etfel[ 2° 1°C cos 0,] 


ie exp( ~4c*){anay tc sin(@, — 0) cos(®, + 9) 


— (2Md)"!C?2 + (4md)~'!C[cos 0,(2d + C? sin? 6,)'” 
= Cos. 0)(2d 4. C7 sin2.0,)"2 | (4md)~!(C? + 2d) 


eC cos.) oe C cos 0; 
mm (C2 + 2a)? (C2 + 2a)!? 


where 2 = d = 4/7, and 


NO 


7 


7 
C = (af + Bi)” Ue Sry arvg gs: 
7 
80 = wn 1( 22) 05 = iat Oo. (5.4.19) 
QQ 2 
Therefore, the error probability 
ees (5.4.20) 


can be numerically computed from Equations 5.4.20 and 5.4.15. 


Recurrence Relationship for bom,.2n 
Denote the total RF-interference-to-RF-noise power ratio as k, and define L as 
the ratio of the carrier power to the sum of the RF noise power and the total RF 
interference power. In other terms, 
H 

B? 


Ae 2 207 








(5.4.21) 
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Then, Equation 5.4.9 can be rewritten as 


BSS see yh 
Peet | ieee M 


Bd feelers oc 
Fe sian gee Ning 


Ak 
i= 4.2 
d Treocee (5.4.22) 





Assuming all interferences are equal, 
B=B, =B,=:::=B,. (5.4.23) 


Thus, Equations 5.4.10 and 5.4.11 indicate that 


®,(u, v) exp(3 2(u2 + 9) 


rk 1/2 H 
os pa ate eres VN «gees S 2 2 
r of la + a sa y| 


1 
* exp ; N(u?_ + )) 
= Downie ye" (5.4.24) 


Two methods can be employed to obtain b2m,2n: the recurrence method and the 
convolution method. 


Recurrence Method 


Define 
y= (u2 ofl y-)v2 
and 
1/2 
2k = 
df —— = 2m 
Alaa ad | os Cav (5.4.25) 
where 
2k iz 
Com = (-1)"Q"m!)-2] ———— | . 
2 Cale ml) a z ma (5.4.26) 


Then, Equation 5.4.24 can be put into the following form: 


®,(u, v) ox N(u2 + | 
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V2 H 
2k 1 
2 BIE a +] exo(5*¥?) 


De ane (5.4.27) 
m=0 


I 


Since exp[(1/2)\*y?] can be expanded into power series 
es l 
1 Weyl 
exp{=?y?2] = SY) —[= 2] v2! (5.4.28) 
2 j=on U2 


the coefficients d,,, can be obtained by comparing the coefficients of 2” on 
both sides of Equation 5.4.27 after substituting Equation 5.4.25 into 5.4.27. 
Hence, for i ¥ 0, 


1S ; 
day = 5, Dd, ZHU — p)Cai-ap + N° Caj-2p-2 — (2P)Co4~2p] dey 
be 
eee (5.4.29) 


Now, Equation 5.4.27 can be written as 


Ay Noe 
0 


Ms iMs 


®,(u, v) exp 2(u2 + | 


d>,(u? 45 y2)P 
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v 
iH 


2m 


yer, (5.4.30) 


= Dom,2n U 


3 
3 


Using binomial expansion on (u? + v*)? in Equation 5.4.30 and comparing 
coefficients yields 


(m + n)! 


aig (5.4.31) 


bom, Ng Aq m +n) 


Convolution Method 


From Equations 5.4.23, 5.4.24 and 5.4.26, it is obvious that d,,, can be computed 
by convolving C,, H times and then convolving with the coefficients in Equation 
5.4.28. That is, 
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k 
162) (i= 2) 
Cie = 2, No ED 


: 1 
SCL Oe (5.4.32) 
m=0 


dy; aa 


Computational Procedure 


The following is a modified computational procedure which is implemented on 
COMSAT’s computer to determine the effects of Gaussian noise and up to four 
equal-strength cochannel interferences on the error probabilities of 4-, 8-, and 
16-phase PSK systems: 


(a) Decide the values of M, H, k, L and A. (To choose A, see Reference [41]). 
(b) Compute a,, B;, and 2. 
(c) Compute 1 — fo i*dbo(x — 04) bo(y — B,) dy dx from Equation 5.4.19. 


(d) Compute b>, >, from Equations 5.4.24, 5.4.29 and 5.4.30 or from Equations 
5.4.31 and 5.4.32. 

(e) Compute ®,(—a,) and ®,(—8,) from the recurrence relationship in Equa- 
tion 5.4.13. 

(f) Compute /,,,,(@,,8,) from Equation 5.4.17, if M > 4. (If M = 4, this 
computation is unnecessary.) 

(g) Compute P, = 1 — Pp from Equation 5.4.15. 

(h) If the convergence in the computation of Equation 5.4.15 is not fast enough, 
adjust the value of A to obtain a faster convergence (see Reference [41]). 


Numerical Results and Discussion 


Figures 5.4.3—5.4.5 show the numerical results for one, two, three, and four 
cochannel interferences in respectively 4-, 8-, and 16-phase PSK systems. In all 
the figures, the vertical axes represent the error probabilities, the horizontal axes 
represent L in dB, and the parameters represent k in dB. Since k, as defined in 
Equation 5.4.21, is the total RF-interference-to-RF-noise power ratio, the two 
extremes with k = + dB and —& dB correspond to respectively noise-free 
and interference-free situations. Thus, the curves associated with k = —« dB 
in all the figures should be identical to those error probabilities resulting from 
Gaussian noise alone. Consequently, the curves with k = — dB in Figure 
5.4.3 are identical to the curves with k = —© in Figures 5.4.4 and 5.4.5. 

On the other hand, for the noise-free cases in which k = +0 dB, the error 
probabilities are always equal to zero for L above certain thresholds, since the 
amplitudes of these interferences are bounded. In this case, when the carrier-to- 
total-interference power ratio exceeds a certain threshold, the received signal 
will always lie in the correct decision region and hence, the error probability 
will be zero. These thresholds are determined by the number of cochannel 
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Figure 5.4.3(a) Error Probabilities of 4-Phase PSK in the Presence of Gaussian Noise 
and One Cochannel Interference (H = 1, 44) 
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Figure 5.4.3(b) Error Probabilities of 4-Phase PSK in the Presence of Gaussian Noise 


and Two Cochannel Interferences (H = 2, 44) 
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Figure 5.4.3(c) Error Probabilities of 4-Phase PSK in the Presence of Gaussian Noise 
and Three Cochannel Interferences (H = 3, 44) 
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Figure 5.4.3(d) Error Probabilities of 4-Phase PSK in the Presence of Gaussian Noise 
and Four Cochannel Interferences (H = 4, 4,4) 
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Figure 5.4.4(a) Error Probabilities of 8-Phase PSK in the Presence of Gaussian Noise 
and One Cochannel Interference (H = 1, 84) 


interferences for a given M-ary PSK system. For instance, it can be seen from 
Figure 5.2.4.3 that, for the 4-phase PSK system, the thresholds are 3, 6, 8 and 
9 dB, respectively, as a result of one, two, three, and four cochannel interfer- 
ences. 

Also, from these sets of Figures, it can be deduced that, for a fixed number 
of phases, M, a fixed interference-to-noise power ratio, k, and a fixed carrier- 
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Figure 5.4.4(b) Error Probabilities of 8-Phase PSK in the Presence of Gaussian Noise 
and Two Cochannel Interferences (H = 2, 84) 


to-total-interference-and-noise power ratio, L, the error probability increases as 
the number of interferences, H, increases. This is quite reasonable. That is, as 
H increases to +, the statistics of the sum of these independent H interferences 
becomes closer to being Gaussian. Thus, the error probability should approach 
that caused by Gaussian noise with the same amount of power. 
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Figure 5.4.4(c) Error Probabilities of 8-Phase PSK in the Presence of Gaussian Noise 
and Three Cochannel Interferences (H = 3, 84) 


5.4.1 From FDM/FM Into SCPC/PSK 


This case corresponds to Item (c) of Section 5.4 where the power spectrum of 
the FDM/FM interference is much wider than that of the SCPC/PSK signal. 
Assuming that the power spectrum of the FDM/FM signal is represented by 
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Figure 5.4.4(d) Error Probabilities of 8-Phase PSK in the Presence of Gaussian Noise 
and Four Cochannel Interferences (H = 4, 84) 


Equation 5.1.1.3 which is obtained in Section 5.3 of Volume I, the power aE 
in the passband of SCPC/PSK signal is 


i {3 [Cre “* 8(F— for) + Weel f— fo] [¥s(F—fos)?? df. (5.4.1.1) 


Interference on SCPC/PSK 315 





102 
410+ 
f+ 10.06 ( 
4 c 
i L=10 LOG, 9: (i 
A2 
® C/N = 
7 20% 
1075 
1074 
40°> 
Btn“ 6) 1 4 12° 4A 46 | 18 20 22" 24 


LE 


Error Probabilities of 16-Phase PSK in the Presence of Gaussian Noise 


Figure 5.4.5(a) 
and One Cochannel Interference (H = 1, 164) 


This is further simplified into 
| (Cpe * Bf fort fos) + Weel f —for + fos)] I¥.(f)/? af 
Se WA for foe) 


By 1% Wolf —Sfor +fos)|¥.(f)|? df 


I 


GPO fifo DI? 


its B, Wet for — fos) 
where B, is the bandwidth of the filter Y,(f). If the power spectrum of the FDM/ 
FM signal can be approximated by a Gaussian shape, then e *” becomes very 


(5.4.12) 


small and 
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Figure 5.4.5(b) Error Probabilities of 16-Phase PSK in the Presence of Gaussian Noise 
and Two Cochannel Interferences (H = 2, 164) 





(for =I) 
Tie eg aes (5.4.1.3) 
V2 0; 


If the first term of Equation 5.4.1.2 is not small (if Ry (0) is not large enough 
or if |Y¥(foy — fos)|? is not small enough), since this is a tonal component, the 
analysis of Section 5.4 must be applied (and the second term of Equation 5.4.1.2 
is approximated as a thermal noise). 


5.4.2 From SCPC/FM Into SCPC/PSK 


Since the bandwidth of the SCPC/PSK signal is about 38 KHz and the frequency 
separation of the SCPC/FM signals is 25 KHz (e.g.), there are one or two SCPC/ 
FM signals falling in the passband of the SCPC/PSK signal depending on the 
carrier locations. The analysis shown in Section 5.4 can be applied for this case. 
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Figure 5.4.5(c) Error Probabilities of 16-Phase PSK in the Presence of Gaussian Noise 
and Three Cochannel Interferences (H = 3, 164) 


Since the SCPC/PSK is mostly QPSK or BPSK at present, Figure 5.4.3(a) and 
Figure 5.4.3(b) can be used. 


5.4.3. From TV/FM Into SCPC/PSK 


This should be in practical term, the case of Section 5.4, Item (c). As mentioned 
in preceding sections, the power spectrum of the TV/FM signal is very variable 
(non-stationary) and hard to predict in a short time. However, it has been reported 
in Reference [22] that the shape of the power spectrum is Gaussian in a larger 
time average. In this case, the result of Equation 5.4.1.3 can be applied. One 
thing which asks for some precaution is that a problem similar to that in Section 
5.2.2 occurs in this case. When the frame rate energy dispersal is used and the 
TV modulation becomes weak, a TV/FM carrier with a large impulse may hit 
the SCPC/PSK signal whose error probabilities deteriorate very much during the 
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Figure 5.4.5(d) Error Probabilities of 16-Phase PSK in the Presence of Gaussian Noise 
and Four Cochannel Interferences (H = 4, 164) 


impulse interference. If the line rate energy dispersal is used, this effect is very 
much reduced as explained in Section 5.2.2. 


5.4.4 From SCPC/PSK Into SCPC/PSK 


There are two kinds of cases, i.e., the cochannel interference which does not 
receive the distortion due to the signal filter and the case in which the interference 
PSK signal is distorted, since the carrier frequency of the interference is located 
at the edge of the signal filter passband. 

For the former case, the analysis shown in Section 5.4 can be used, where 
there is only one cochannel interference, and Figure 5.4.3(a) can be used. For 
the latter case, some rigorous approach can be applied to the error probability 
degradation of the SCPC/PSK signal by computer simulations but the following 
integrated power is evaluated and considered to be the thermal noise in most 
practical cases, i.e., 
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{mT ,(f — for)} 
PAGS 
CT Mi puget that 
ar wT, (f —fort+fos)} 
WiC Jor fos) |” a Aileat (5.4.4.1) 


where Y;(f) and Y,(f) are respectively the interference and signal IF filter (and 
I.F.) filters (the center frequencies of these filter transfer functions are shifted 
to zero). The evaluation of Equation 5.4.4.1 is usually enough for a rough 
approximation. 


= ; Eff 2 
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5.4.5 From Continuous Mode PSK Into SCPC/PSK 


This case corresponds to Item (c), Section 5.4. Since the symbol rates of the 
continuous mode PSK are usually much larger than the symbol rate of the SCPC/ 
PSK, usually around 32 K bauds, the interference power / is given by Equation 
5.4.4.1 but with the following approximation 


sin{aT,( for — fos)} 
TT; ( for — fos)} 

Although the power of / is not that of a Gaussian process, it is considered so in 

the case of an approximation, which usually gives a pessimistic result. The exact 


evaluation of the error probability degradation is very difficult to assess in this 
case. 


2 
1 rl by [¥(for = Toice (5.4.5.1) 


5.4.6 From TDMA/PSK Into SCPC/PSK 


In a way similar to the analysis of Section 5.1.6, the TDMA/PSK interference 
on and off effect due to the burst mode clearly exists in most cases, since the 
width of the impulse response h(r) (Figure 5.1.6.2) is (38 x 10°)~!, while the 
TDMA burst width (Figure 5.1.6.1) is longer than this value in most cases. For 
the time period in which the TDMA/PSK interference effects exist, Item (c) of 
Section 5.4 can be applied. However, as a power approximation, the result of 
Equation 5.4.5.1 can be used, 1.e., 


(5.4.6.1) 





sin{t T/( fo; =| 
{wT ( for = fos 


Assuming that the power / gives a Gaussian effect, the error probability of the 
SCPC/PSK is given by 


i ane, | 
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le = Pz Pegit) (O54:6.2) 


where P.,(/) is the probability of the SCPC/PSK signal error due to the Gaussian 
noise whose power is /. 


5.5 INTERFERENCE EFFECTS ON CONTINUOUS MODE PSK 
SIGNALS 


This case analysis depends on Items (a), (b) and (c) of Section 5.4 according to 
the characteristics of the interferences. 

In this section, only the downlink noise case is discussed, where the inter- 
ferences are added linearly to the signal. The uplink interference addition case 
will be analyzed in Section 5.6. 


5.5.1 From FDM/FM Into Continuous Mode PSK 


There are three cases (a), (b) and (c) in this case (Section 5.4). For case (a), 
the analysis shown in Section 5.4 can be used. For case (b), the reason why the 
Gaussian approximation is valid will be analyzed in Section 5.5.2. For case (c), 
the result of Equation 5.4.1.2, i.e., 


[= Ge [Ghoretas.l4 


Ae i Wea = Jor +f ¥ sf \2ep @sdell ip) 


where Ry (0) and W,,,(f) can be obtained by the approaches found in Section 
5.3 of Volume I. 


5.5.2 From SCPC/FM Into Continuous Mode PSK 


As explained in Section 5.4 of Volume I, the power spectrum of the SCPC/FM 
is confined within +4 KHz around carrier frequency (this is only roughly true 
in practice). Also, the SCPC/FM signals exist as a group in most cases and a 
number of SCPC/FM interferences fall in the passband of the continuous mode 
PSK signal (if there is a small number of SCPC signals, the total power of the 
interference is very small and can be ignored). 

Represent the cochannel interference by 


H 
e(t) = = Bysin(@yf = Opt Ape Goo) 


In order to obtain the probability density function of e,, let us derive first the 
characteristic function of e;. 


Cu) = Efe 
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= it Jo(Beu). (Star2.2) 
For analytical simplicity, assume that all B,’s are equal. Then, 
C)(u) = [Jo(Bu)]” (695233) 
where 
B, B, Seas By B. @©859274) 
In this case, the total power of the interference is 
1 < H 
P= = Bz = — B? aOe2e 
teal >> aie (Gt58285) 
leew 
B= eae 353256 
= H (5.5.2.6) 
Thus, 
ay H 
“ed DE 
Cure o( 2F1 1) (S507) 
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H 2P Be aes 
Lim [I |Jol /—u Sete 6 5038) 
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From this result, it is clear that the probability density function of C, can be 
approximated as a Gaussian process for many values of H, since the result of 
Equation 5.5.2.8 is the characteristic function of a Gaussian process whose power 
is P;. From a practical point of view, as seen from Figures 5.4.3—5.4.5, if there 
are more than five cochannel interferences, the approximation of Equation 5.5.2.8 
is valid. 


5.5.3 From TV/FM Into Continuous Mode PSK 


Depending on the symbol rate of this signal and on the TV/FM bandwidth, the 
analytical approach is different for items (a) and (c) of Section 5.4. 

When the TV signal baseband modulation is weak and the energy dispersal 
is on, the result of Section 5.2.2 can be similarly applied to this case. In this 
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case, since the filter bandwidth of the continuous mode PSK signal is much 
larger than the line rates, the pulse of the TV/FM interference hitting this signal 
occurs both in frame and line rate energy dispersal cases of the TV/FM inter- 
ference. In such a case, the interference effect exists only during the time when 
the instantaneous frequency of the TV/FM interference stays in the PSK signal 
filter passband, and, otherwise, it disappears. In some cases, many continuous 
mode PSK signals share a transponder and only two TV/FM signals at most 
usually share a transponder. During the time period when the TV/FM interference 
hits the signal, a large effect may occur. 


5.5.4 From SCPC/PSK Into Continuous Mode PSK 


The symbol rates which decide the bandwidth of the PSK signals are much larger 
in the continuous mode PSK signals than in the SCPC/PSK signals in most cases 
and many SCPC/PSK interferences fall in the passband of the continuous mode 
PSK signal (if there are few SCPC/PSK interferences, the total power is very 
small and can be ignored). Therefore, according to the theory shown in Equation 
5.5.2.8, the effects of all the SCPC/PSK signals can be considered as a thermal 
noise. 


5.5.5 From Continuous Mode PSK Into Continuous Mode PSK 


Since the symbol rates of these signals cover a wide range (e.g., from 200 K 
bauds to 60 M bauds), therefore, all kinds of cases may occur, for Items (a), 
(b) and (c) in Section 5.4. For case (a), the theory and results developed in 
Section 5.4 can be used. For case (b), the result of Equation 5.5.2.8 can be 
applied. For case (c), Equation 5.4.4.1 can be used to evaluate the interference 
power falling in the passband of the signal. 


5.5.6 From TDMA/PSK Into Continuous Mode PSK 


There are three cases to be considered, since the symbol rate of this signal is 
very variable, for Items (a), (b) and (c) of Section 5.4 for which the analysis of 
Section 5.4, and of Equations 5.5.2.8 and 5.4.4.1 respectively can be applied. 
The only precautions to consider come from the fact that the time period when 
the TDMA interferences occur (due to the burst mode of the TDMA) should be 
considered for case (a) (as in Equation 5.4.6.2, although / is no longer Gaussian) 
and factor P, (Equation 5.1.6.8) should be multiplied in Equation 5.4.4.1 for 
cases (c) and (b). 


5.6 INTERFERENCE ON TDMA/PSK 


5.6.1 From FDM/FM Into TDMA/PSK 


Since the power spectrum of the FDM/FM signal is narrowly distributed and the 
symbol rate of the TDMA/PSK signal (the bandwidth of the PSK signal) is higher 
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than the bandwidth of the FDM/FM signal in most cases, cases (a) and (b) of 
Section 5.4 are applicable in this case, i.e., the analyses of Section 5.4 and of 
Equation 5.5.2.7 respectively can be used. 


5.6.2 From SCPC/FM Into TDMA/PSK 


In most practical cases, the bandwidth of the SCPC/FM is much smaller than 
the symbol rate of the TDMA/PSK signal and, since many SCPC/FM interfer- 
ences usually fall in the passband of the TDM/PSK signal (if, anyway, there are 
few SCPC/FM signals, then the total power of the SCPC/FM interferences is 
negligible for the TDMA/PSK signal), case (b) of Section 5.4 can be applied. 


5.6.3 From TV/FM Into TDMA/PSK 


Since the TV/FM signal usually occupies a bandwidth of 18 MHz or 36 MHz 
depending on the e.i.r.p. values of the satellites, cases (a) and (c), for which 
the analysis of Section 5.4 and the result of Section 5.5 of Volume I respectively 
can be used to obtain the power falling in the TDMA/PSK passband, are ap- 
plicable here. 

If the TV/FM baseband modulation is weak and energy dispersals are used 
(frame or line rate energy dispersals), the pulsive interference effects of the TV/ 
FM signal explained in Section 5.2.2 occurs. During the period of the pulsive 
interference appearance, the effects of the TV/FM interference become almost 
the same as those of case (a) of Section 5.4. 


5.6.4 From SCPC/PSK Into TDMA PSK 


For the same reason as that explained in Section 5.6.2, the Gaussian assumption 
for the SCPC/PSK interferences is valid as shown in Equation 5.5.2.7. 


5.6.5 From Continuous Mode PSK Into TDMA/PSK 


The symbol rates of continuous mode PSK signals are usually lower than those 
of TDMA/PSK signals. Therefore, case (a) of Section 5.4 is applicable, i.e., 
the analysis of the same section can be used. As mentioned before, this analysis 
can only be used for the downlink interferences which are linearly superposed 
on the TDMA/PSK signal. 

The following analysis shows the uplink case interference effects of the co- 
channel PSK signals which pass through the nonlinear device (TWTA or SSPA) 
operating in the saturating power area. This analysis can also be applied to the 
case of Section 5.6.6 (‘‘From TDMA/PSK Into TDMA/PSK’’). 

Radio spectrum limitations have necessitated the consideration and imple- 
mentation of frequency-reuse techniques in satellite communication systems. For 
example, the INTELSAT V system employs a four-fold frequency reuse, in the 
INTELSAT VI era, frequencies may be reused up to six times. With this fre- 
quency reuse, an undesired byproduct has been increased, co-channel interference 
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(CCI). In fact, with the larger satellite G/T and e.i.r.p., now available through 
more powerful TWT amplifiers and antenna spot beams, typical link budgets 
for fully expanded systems demonstrate that co-channel interference can easily 
be the dominant degrading factor, more important than thermal noise. 

At the same time, there have been only limited available theoretical tools or 
measurement results for co-channel interference effects in a nonlinear satellite 
system. Thus, in system calculations, the interference has frequently been as- 
sumed to be identical in effect to that of an equivalent power Gaussian noise 
source. For a linear channel, it is widely known [77] that this supposition provides 
a pessimistic estimate for the degradation to a digital PSK system. For the 
nonlinear channel, it will be shown that, as in the linear case, if the number of 
interferers is not too great (~6) the non-Gaussian characteristics of the inter- 
ference can be significant. Also, it might well be assumed that some amount of 
small-signal suppression should be experienced for the uplink interferers due to 
the satellite nonlinear transponder. It will be seen that the situation is more 
complicated than this. Although uplink suppression is indeed present, practical 
channel filtering (to minimize adjacent channel interference) may reduce the 
observed effect on the BER to an almost insignificant level. 

The problem addressed here then is the effect of a number of co-channel 
interferers upon the BER of a QPSK system having a nonlinear transponder. As 
shown in Figure 5.6.5.1, the modulated QPSK signal is bandlimited by a transmit 
filter which may be narrow enough (BT = | — 1.5) (B is the 3 dB filter bandwidth, 
T is the modulation symbol duration) to produce appreciable intersymbol inter- 
ference (ISI). Because it is relatively wide, the satellite input filter can usually 
be considered as part of the overall filter function. The satellite contains a TWTA 
operating at or near saturation with specified AM-AM and AM-PM character- 
istics. The satellite output filter and receiving filter may likewise usually be 
considered as one filter with a bandwidth possibly narrow enough to cause 
additional ISI. Co-channel interferers are additive on both the up- and downlinks 
and are assumed to be angle-modulated, although, particularly in the QPSK case, 
channel filtering will produce some AM. Both uplink and downlink Gaussian 
noises are included but it will be assumed, in the theoretical analysis, that the 
downlink noise is at least 2 dB greater than that on the uplink (the reason for 
this assumption is discussed in the theoretical development). Thus, in this case, 
although uplink noise (and interferers) will more likely make errors by moving 
the signal sample points closer to the decision thresholds, the proximate cause 
for detected errors is downlink noise. 

As an example of the way in which interference accesses arise, Figure 5.6.5.2 
outlines the situation for the INTELSAT V environment. For the six accesses 
shown, only three originate independently but, since the transponder translation 
oscillators are not mutually coherent, they are all assumed to be independent. 
Two of the interferers arise from the co-coverage cross-polarized signal which 
has both an up- and downlink access. The others are caused by the opposite 
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Figure 5.6.5.2 Cochannel Interference Accesses in INTELSAT V 


coverage transmission signals, both co- and cross-polarized, and on both the up- 
and downlink. 

An exact theoretical analysis of the system shown in Figure 5.6.5.1 has not 
been attempted and, instead, we have addressed a simpler system which does 
not have ISI. Even this more restictive system has not been previously analyzed, 
and thus the results presented are new. One facet of the results which has turned 
out to be of considerable interest is the (not unexpected) presence of a suppression 
of uplink interference. When digital computer simulations were run for the system 
without the up- and downlink filters, the suppression effects were evidenced and 
concurred with theory. However, as these filters were inserted and their band- 
width sufficiently narrowed to produce significant ISI, the suppression effects 
on the BER were reduced. What has been demonstrated is that, while the suppres- 
sion effect on uplink interferers can be small in a practical system, the non- 
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Gaussian characteristics persist. Additionally, as will be discussed, the manner 
in which the carrier-to-interference-power ration C/I is specified becomes im- 
portant, whether or not C and/or J are modulated or unmodulated. 

The dual approach to this problem is reflected in the organization of the 
following work. First, a theoretical analysis of the system will be presented 
which, as just discussed, falls somewhat short of the complete requirement since 
no ISI is included. We then present the results of digital computer simulations 
and show they are in accord with the theoretical ones when no filters are present. 
Further simulations are discussed in which the effects of ISI are included. The 
principal limitation of the simulation approach has been that when filters are 
added, it is difficult from a practical point of view to incorporate more than 
about two interferers. 

In this section, an expression will be derived for the probability of bit error 
for a QPSK satellite system with up- and downlink co-channel interferers. The 
system model is shown in Figure 5.6.5.1 with the exception that no transmit or 
receive filters will be included and thus, there is no intersymbol interference. 


Derivation of Probability of Bit Error 
For a single carrier of amplitude p, the input to a nonlinear transponder is 
e(t) = pelo? (5:6:5.1) 
and the output signal may be written (see Chapter 3 of Volume II) as 
eo(t) = g (pet) « ei@ot® (5.6.5.2) 


where g(p) represents the AM-AM transfer characteristics and f(p) the AM-PM 
dependence (this case has been referred to as *“‘memoryless’’). Here oy) = 27fo 
is the carrier frequency and p and ) can be time dependent. The functions g and 
fare assumed not to depend on frequency. In this case, the complex input signal 
with N,, and uplink interferers is 


Ny 


Aeitot?) ae N,,(t) 7°! ae > B, IS LONE SES: 
k=1 


e;(t) 
re peiort® (5.6:5:3) 


with A as the amplitude of the desired signal, By the co-channel interferer am- 
plitudes, and the uplink noise with independent quadrature components 


N,Q) = Neu) + INsu). (5.6.5.4) 


The individual interferers are taken to be incoherent with respect to the desired 
signal, with the k-th interferer offset by Aw,. Then defining 


Neu (t) = Neult) + Dd, By cos(Aeyt + ox) 
k 
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Nu, @) == WN a) aie ») B, sin(Aw,;t ain d;) 
k 


Ny, = Neu (0) + iNew (0 (5.6.5.5) 


the output signal is given approximately by (including only the linear term in a 
Taylor expansion) 


ey (t) a= g(A) ef) eior*®) 


g(A) 


+ j 2 ef [Im{N, eh elo 
A u 


+ 7 {o(A)e#} [Re{N,,,e /°}] ef ort) (5.6.5.6) 


where Re {-} and Im {:} represent the real and imaginary parts of their arguments 
(this expansion is also similar to that of Equation 2.1.5.31). Retaining the linear 
term only implies that V, and 2%“, B, are not too large with respect to A. A 
comparison with simulation results will show that this approximation is justified 
in most practical applications. We are thus assuming that errors are caused 
predominantly by noise on the downlink. If the downlink C/N is a few decibels 
worse than the uplink, as is often the case in practice, a study of typical QPSK 
bit error rate curves will quickly convince one that the contribution of the uplink 
noise to the overall error probability is negligible. Both g(A)’ and f(A)’ are given 
in linear units of volts/volts and radians/volts. If instead, G(x,)’ and F(x,)’ 
corresponding to g(A)’ and f(A)’, are given respectively in terms of decibels/ 
decibels and radians/decibels (as in the usual presentation of the AM-AM and 
AM-PM characteristics of a TWT), then it is easy to show that 


Ag(A)' 
Gi.) = —— 
Sete WR) 
Af(A)’ 

Bs) = a (56.5.7) 


with a = 20/In 10. Then, omitting a common multiplicative factor’ geo! *)/ 
A, the output becomes 


éq(t) = Ae!® = j[Im{N,,e *}]e” + [G' +jaF’] 
- [Re{N,,e /*}]e” 
= Ae? +N, + [(G'= 1)+jaF’] 
REN ai: ilel. (5.6.5.8) 
*See Equation 2.1.3.5 for this relation. 


‘In this no-filter ideal case, this omission does not affect the results. If filtering were present it 
could not be neglected. 
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It should be noted that the individual terms can be identified as 


(G' — 1)Re{:}: component produced by AM-AM 
distortion 


jaF’ Re{:}: component produced by AM-PM 
distortion, which is 
orthogonal to the signal vector. 


Assuming 7, as uplink interferers, n, downlink interferers, and n = n, + ng as 
total interferers, the following is defined for the sake of convenience 


Ma, = iV, sina eN =e cos 6 
Nes = Nap COS-0 + LN, sim 6 
Aw,t+o,—-8, 1 =k <n, (uplink) 
a Wan b,, 1, <k <n (downlink) 
Na = Nea + Nea (5.6.5.9) 


where the downlink noise N, is resolved into quadrature components. Adding 


downlink noise and interferers, the real part of the signal becomes, from Equation 
5:0,).5 





Re{eo} = Acos 8 + m + Neg + O (6.6.5.0) 
where 
Ne = —Ney sin ® + y,,(G cos 9 -aF’ sin 8) 
a; = >) B, (sin? 6+(G’ cos 6 — aF’ sin 6)*)” sin &; 
k=1 
ey Dye, By 08 & (5.6.5. 14) 
k= aa 
and 
G' cos 8 — aF’ sin 0 
— =i : S262 
Ser ee otan ( — sin 6 
Likewise, the imaginary part of e) becomes 
Im{éo} = Asin ®@ + n, + Nog + De (5:6.5513) 


where 


Has n, cos.0 tena (G sin + ar “cos 0) 
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Ny 


bz = >) Bi(cos? @ + (G' sin 8 + aF” cos 8)2)” sin & 


+ > B, sin && 





k=n,+1 
and 
G' sin 9 + aF’ cos 0 
— + tan! . (QrOra4 
y be oe ( cos 0 ) 
The downlink noise can be written as 
N2, = N2, = 03. (5.6.5.15) 


Neglecting the signal space region where in-phase and quadrature components 
are both negative simultaneously, the probability of symbol error is 


ASCOSAO) Fn. cE Vice Aysine Ou) tg tae 
vei (0 | PO _ : 
C4 C4 


itr een Es, 


Nor A Ns Fe 
= Pen ar Poe a DM igs (56.526) 


with obvious identifications for the /, » and P,,., P.,; terms. Also E{-} is the 
expectation operator and Q(x) is defined as 


(Olea ae I edt = serte( 5) . (5:65.17 )5 


The bit error rate is taken as one half of the symbol error rate. For the BER 
region <10 3, the approximation made below in Equation 5.6.5.14 is a good 
one. 

Focusing on the first term in Equation 5.6.5.16, arising from the real part of 
€o, it is straightforward to show, after some manipulation and using the char- 
acteristic function method, that the result after averaging over 7, is 


Leis : 
E {L}=E a Yate +2)? 6.5. 
{1} ie are | (5.6.5.18) 


Nor 4 ay 
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‘This error function is the same as that of Equation 5.4.14. 


where 
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(SkGr S219) 


and 
C\ | 
Nie C =] Cc! ll 
= + —e 
N/a N u 
Cee 
Ny = eae 
Clara 
N}, 202 
& ane Ba (sin? @ + (G' 6 — aF’sin6)~? (5.6.5.20 
Nia ho cos aF’ sin @) (956:5520) 
with 
o2 = N2 
CG =C (Gin 04 (G cos 8 — oF sin @)*)) @. 


Then, to average over a; we have first from Equation 5.6.5.11 
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The characteristic function of a is 


(5:655,21) 


(516.5222) 


(5.6.5.23) 


(5.6.5.24) 
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M 
Efe} = TT Jo(bus¥) (9:625.25) 
k=1 
with Jy as a Bessel function of zero-th order. Conversely, 
Lee ses 
pO), = =} e Fue T] Jo(bz,u) du. (5.6.5.26) 
27 J-@ k=1 


Thus, the average becomes 


1 [ L 29 ; 1 i “ n 
Ps, =—=|]| d la +)" — jux TT Jo(b,u) du d 
es,t ar i Z es e on pee é A of k ) X 


Sees a >, 5 o(b Jux d 
- [ae | pd re ge (5.6.5.27) 


The product of Bessel functions may be written as 


eG) = S Coen (5.6.5.28) 
k=1 


m=0 


with a recurrence relation for the coefficients derived in Section 5.4. Then, 


1 be'ss we oe ee uw 
Pf = | dO eC le By? Ie Gp (5 16.529) 


m=0 


The integral over u is closely allied to the integral form of the Hermite 
polynomials He, and if ® is defined as 


, _# 
OPRAC) n= Vag Heane z (5.6.5.30) 
then, 
le > > Copa ks De ik ®,,,(y) dy 
= OF) + Co, 0) D512), (5.6.5.31) 


m=\1 


It is noted that the co-channel interference dependence is contained in the coef- 
ficients C,, ,. 
In an analogous way, the average of J, can be derived: 


Posi; = Q(s) + » Com, r(— 1)" ®2,,—1(8) (5.6.5.32) 
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where 
Y 
G 
(49) 
(<) = ee eee (SEOs EOS) 
eae le) i 
crt + — 
N d N Uu 
with 


C” = C (cos? 8 + (G’ sin 8 + aF’ cos 0)?)~”. —(5.6.5.34) 


The coefficients C,, ; are also given by the approach in Section 5.4. The required 
expression for the BER has been derived. 

Although this development is adequate in many cases, a more rapid conver- 
gence of the alternating series may be forced by a slight modification [41]. 
Defining, for the interference power, 


L = ce, (5.6.5.35) 


and taking A as a real number between zero and one, we can rewrite Equation 
5.6.5.26 as 


1 2 x 

—Vfl + Ar, }u? 

Pee = az | é PAL 
2a or <2 





Al,u M 
: E ae | Jobs| el? dy. (5.6.5.36) 
k=1 


The expression for P,, ; is similarly modified. The parameter A is empirically 
adjusted to provide a rapid convergence but, in general is taken to be small or 
zero if C/I is small and/or if only a small number of interferers are present, and, 
is taken to be larger, approaching 1, for cases in which the interference is near 
Gaussian. The inclusion of A will affect the details of the series expansion but 
does not alter the basic development. It is seen that the arguments of the Q and 
& functions are modified by the multiplicative factor (1 + AJ,)~ ”. 


Numerical Results 


A computer program was developed and utilized to perform the extensive series 
calculations required to obtain numerical results. Here, a few specific examples 
will be presented. 

In one case, the situation can be examined wherein all the co-channel interferers 
are on the downlink. In this case, the interference does not experience any 
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nonlinearity and the previously derived results for a linear channel apply (see 
Section 5.4). 

A particular case is shown in Figure 5.6.5.3 for C// total = 15 dB with the 
BER as a function of the (C/N), for the cases of 1, 3 and 6 (equal power) 
interferers and also for the case of the interference considered as additive Gaussian 
noise, 1.e., n = ©. The performance, in the case there is no interferer, is also 
shown. The uplink thermal noise was made negligible in comparison with that 
on the downlink by setting (C/N), = 40 dB. 

Figure 5.6.5.4 provides similar results for the case where all interferers are 
placed on the uplink. The transponder operating point was 2 dB input backoff 
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Figure 5.6.5.3 BER as a Function of C/N for Downlink Interferers with 
C/I = 15 dB 
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Figure 5.6.5.4 BER as a Function of C/N for Uplink Interferers with C/I = 15 dB 


(IBO) with values of G’ and F’ representative of an INTELSAT-IV nonlinearity. 
The results are not very sensitive to reasonably small variations in G’ and F’. 
It is quickly apparent from these two sets of results that the influence of uplink 
interference is much less than downlink interference. This follows from the not 
unexpected small signal suppression which occurs for the uplink interferers. A 
closer study reveals this suppression to be about 2.9 dB. That is, if everything 
else remains fixed, a C// total of x dB on the uplink (and no downlink interferers) 
will result in the same performance as when the C/I total equals x + 2.9 dB on 
the downlink (with no uplink interferers). Using the development of Section 
3.2.11, the magnitude of this suppression could in fact be predicted and is 
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suppression = —10 logyg (sin? 6 + (G’ cos 8 — aF' sin 6)?) (5.6.5.37) 


for the 2 dB IBO, G’ = 0.19, and F’ = 0.0087. 

When only one interferer is present, the performance is much different from 
what would be predicted using the assumption under which the interference is 
replaced by an equivalent power Gaussian noise source. Even with six interferers, 
the departure from the Gaussian approximation can be significant, especially 
when the ratio //N is large. 

It should be noted that the results in Figures 5.6.5.3 and 5.6.5.4 are based 
on 9 = 45°, that is, on an ideal QPSK. In the practical case, particularly with 
filtering, there is a scattering of points in signal space at the sampling instant. 
This scattering will cause an effective degradation in the amplitude of the carrier 
vector (from the unmodulated value). We have called this degradation, in deci- 
bels, D. In the preceeding figures no degradation was assumed, that is, D = 
0 dB. A representation of these two parameters in signal space is shown in Figure 
5.6.5.5. In the real situation, the actual value of C/I is replaced by a lower 
(worse) “‘effective’’ C/I which is degraded by approximately D dB. Thus, if D 
is large, and indicative of considerable ISI, relatively large values of an actual 
C/I may be effectively reduced so that the observed system performance is at 
considerable variance with the Gaussian approximation. That is to say, for ex- 
ample, that for a C/I,, of 18 dB from six equal power downlink interferers, the 
Gaussian approximation indicates only an approximate 0.3 dB worse C/N per- 
formance at a BER of 10° than when the interference is considered as peak- 
limited. However, if D is large, say 3 dB, the effective level of the C/I becomes 
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Figure 5.6.5.5 Representation of D and @ in Signal Space 
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about 15 dB at which point the difference in C/N performance is significant, 
about 2 dB. 


Comparison With Simulation 


On a limited basis, the results of the foregoing development have been compared 
with digital computer time domain simulations of the same system configurations. 
Figure 5.6.5.6 shows the results of several such simulations for a single interferer 
at a C/I of 15 dB. The interferer was alternately placed on the up- and downlink. 
In the uplink case, the interferer passed through the transponder which is common 
to the desired signal. For the downlink case, it passed through an independent 
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Figure 5.6.5.6 Simulation Results at C/I = 15 dB 
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nonlinear transponder. In either case, a frequency offset between the two signals 
was employed to avoid coherent effects. Two types of satellite nonlinearities 
were modeled, a hardlimiter without AM-PM and a softlimiter with AM-AM 
and AM-PM characteristics similar to the INTELSAT IV at a 2 dB IBO. Only 
a small difference is evidenced between the two types of nonlinearities for an 
uplink interferer and essentially no difference when the interference is on the 
downlink. 

In these simulations, no filters were employed and thus, in the case when 
there is no interferer and no nonlinearity, the performance matches that of the 
ideal QPSK. When an interferer and a nonlinearity are present, a comparison 
can be made with the theoretical results (Figures 5.6.5.3—5.6.5.4). At a 15 dB 
C/I, the congruence is excellent, differing by less than 0.1 dB over the practical 
range of BER. 

In the theoretical development, only the linear term was retained in the ex- 
pansion for the uplink interferers which led to Equation 5.6.5.6. Using the 
simulation results, it is relatively easy to assess empirically at what point this 
approximation breaks down. Figures 5.6.5.7 and 5.6.5.8 show the comparison 





107 
\ One Uplink Interferer 
N 
a \ 
10°? cvt = 15\ \\10 48 
12 
a 
w 1074 
a 
——— Simulation 
—— = Theory 
107° 
107 
6 8 10 12 14 16 18 20 


C/N (dB) 


Figure 5.6.5.7 Comparison of Simulation and Theory for One Uplink Interferer 
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Figure 5.6.5.8 Comparison of Simulation and Theory for One Downlink Interferer 


of theoretical and simulation results at C/I,,, = 15, 12, 10 dB for the up- and 
downlink. At C/I = 15 dB, the agreement, as pointed out above, is virtually 
perfect. At 12 dB, the downlink shows an approximate 0.2 dB difference while 
the uplink is still in good agreement. The uplink results show better congruence 
probably because of suppression effects on the interferer. At 10 dB, there is 
about a 0.2 dB difference between the two approaches, for both the up- and 
downlink results show only fair convergence. At this low value of C/I, there is 
probably some error in the simulation results which showed increased sensitivity 
to the form of the modulating sequence. It appears then that the theoretical 
approach provides accurate results to the region of C/I = 12 dB. 

These comparisons have been done for the case where there is one interferer. 
With many interferers, it must be considered that the peak uplink interference 
effect is larger than the average by a factor 10 log n, (dB), n, being the number 
of (equal power) uplink interferers. Of course, the peak interference occurs only 
rarely, particularly as the value of n becomes large, but for a large value of n, 
this peak-to-average factor must be considered in accessing the point at which 
the expansion of Equation 5.6.5.6 is no longer valid. 
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Simulation Results Including Intersymbol Interference 


As just considered, the theoretical results are in good agreement with those of 
digital simulation in most cases of interest as long as no transmit or receive 
filters are present. When filters are added, the presence of intersymbol interfer- 
ence significantly affects the simulation results so that good agreement is no 
longer evidenced. 

Most computer simulations were run using a single interferer and ideal filters; 
more elaborate interference configurations are not presently available. With tight 
filtering (i.e., small BT products), particularly, the results were fairly sensitive 
to several factors: 1) carrier frequency coherence between desired and interfering 
signals, 2) modulating sequence, and 3) synchronization and offsets in symbol 
timing between desiring and interfering signals. 

The effect of transmit and receive filters is shown in Figure 5.6.5.9. Except 
as indicated, the satellite nonlinearity was a hardlimiter function and the filters 
were ideal cutoff with BT products equal to 1.15. Except for the case where 
there is no interferer, C/I was set to 15 dB and the interferer was modulated at 
the same data rate as the desired signal. When only a receive filter is present, 
more degradation is apparent than when only a transmit filter is used. With both 
a transmit and receive filter, the performance is most degraded. In each case, 
an uplink interferer causes less degradation than a downlink one. However, the 
amount of uplink suppression effect is smaller than the no-filter, no-intersymbol 
interference case discussed in the preceding Section. 

In Figure 5.6.5.10, the case of both transmit and receive filtering is shown 
again but with a slightly wider receive BT product of 1.23. These results represent 
an average over modulating sequences and symbol offsets. This case will be 
discussed in more detail in the next Section. Here, it suffices to say that when 
the interferer is unmodulated, the degree of uplink suppression effect appears to 
be relatively small. When the interferer is modulated, the amount of suppression 
appears again to be significant, about the same as for the no-filter case. 


Definition C/I and the Effect of Modulation 


In studying the effects of co-channel interference upon a QPSK signal, it has 
been noted that the specification of C/I could be ambiguous and could lead to 
different interpretations of the results. The potential problem exists since both 
C and I could be specified as either modulated or unmodulated power. When 
the signals are not filtered or filtered just a little, there is little difference between 
modulated and unmodulated power. In practical cases, this could correspond to 
an interferer being an FDMA/FM signal. However, since rather severe bandwidth 
limiting is required in the TDMA/QPSK case, to avoid adjacent channel inter- 
ference, appreciable reductions in power may result when modulation is applied. 
When C is a QPSK signal and / is an FM one, Cyog < Cunmog and I 
Then, 
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Figure 5.6.5.9 Simulation Results Including Transmit and Receive Filters 
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When both C and J are QPSK signals, the Cyrog < Cunmoad 20d Imoa< Janmoa and 
thus, 
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In the theoretical results presented in this Section, this distinction between 
modulated and unmodulated C and I was not important since the tacit assumption 
was that no filters existed and the modulated powers equaled the unmodulated 
powers. It is clear, however, that when the results are applied in a practical 
situation, then both C and I should be interpreted as a total power that is either 
modulated or unmodulated depending on what is the case. 

In the simulation results, both C and I are taken to be unmodulated power in 
the initial specification of the computer runs. If, in fact, C or I is modulated 
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Figure 5.6.5.10 Simulation Results for Modulated and Unmodulated Interferer 


and filtering is present, then C or I will be reduced. An example of this effect 
is shown in Figure 5.6.5.10 for an up- and downlink interferer both modulated 
and unmodulated. C is modulated in each case and the filtering BT products are 
fairly small, 1.15 at the transmitter and 1.23 at the receiver. The results for 
Iunmoa fail to exhibit significant uplink suppression. When I is modulated, how- 
ever, there is a significant reduction in the interference effect. There appear to 
be at least two reasons for this. First, the average power of I may be significantly 
reduced by the filtering of the modulated spectrum. Also, the instantaneous 
power of the (unsynchronized) interferer at the sampling instant (in the desired 
signal) may be greatly reduced due to filtering induced envelope fluctuations. 
It is seen that with I modulated, there is a recurrence of an uplink suppression 
effect which again is probably tied to the envelope fluctuations which occur 
when I is modulated. 

An understanding of the effects of modulation on co-channel interference is 
important in the determination of link budgets. The ratio of C/I is normally 


Exercises 343 


specified in system studies with both C and I unmodulated. For the sake of 
convenience, C/N is also usually given for C unmodulated. In the real situation, 
C and I are usually modulated power levels. Thus, available results must be 
studied to determine whether in light of Equations 5.6.5.38 and 5.6.5.39, a 
correction factor should be applied to a particular C/I. 


Conclusions 


Several results relevant to the co-channel interference environment found in 
current and future satellite systems have been presented. Existing theory was 
extended to treat the effect on the QPSK BER of an arbitrary number of up- and 
downlink angle modulated interferers with a nonlinear satellite transponder. The 
theoretical results were compared with results of a digital computer simulation 
program and good agreement was demonstrated. It was shown, however, that 
the presence of tight filtering in practical systems could reduce or eliminate one 
feature of the co-channel interference, namely, the uplink suppression effect. 
Nevertheless the non-Gaussian nature of the interference was shown to be often 
still significant. 


5.6.6 From TDMA/PSK Into TDMA/PSK 


In this case, cases (a), (b) and (c) of Section 5.4 can occur. For cases (b) and 
(c), the approaches explained in Section 5.5.6 can be used. For case (a), the 
analysis shown in Section 5.6.5 can be used. 

The difference is that the interference appears only when the interference 
TDMA/PSK signal exists in the burst mode. 


5.7 EXERCISES 


1. Prove the result of the second term of Equation 5.1.5.1. 


2. Draw the curve calculating Equation 5.2.2.2 for f, = 30 Hz, fy = 1 Xx 
10° Hz, 

3. Derive Equations 5.4.17 and 5.4.18 yourself. 

4. Derive Equation 5.4.19. 

5. Derive Equation 5.6.5.6. 

6. Find acase from Equations 5.1.1 and 5.1.18 where the interference power 


falling on the top frequency channel is not the largest. In most cases, the 
interference power falling on the top frequency channel is the largest in 
comparison with the other frequency channels. 


7. In TV/FM and FDM/FM modulations, the energy dispersal modulation 
sometimes dominates because of a small baseband modulation power. In 
cases of interferences from the energy dispersed FM signals with small 
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10. 
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baseband signal modulation into SCPC/FM and SCPC/PSK signals, prove 
why the line rate (approximately 15 KHz) energy dispersal modulation is 
better than that of the frame rate (approximately 30 Hz). See Section 5.2.2. 


In Figures 5.4.3, 5.4.4, and 5.4.5, study how the effects of interferences 
become closer to those of the cases where the interference statistics are 
approximated by Gaussian process, when the number of interferences be- 
comes larger. 


Think of the reason why the cochannel interferences analyzed in Sections 
5.4 and 5.6.5 have smaller effects on error probabilities than the Gaussian 
noises which have the same power. 

Think of the difference of interference effects on FM and PSK signals and 
why these two cases are different. 
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